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MONDAY, MAY 2nd, 1932 
9:30 A.M. 


1. Related Nodal Lines on Chladni Plates, R. C. CoLWELL, West 


Virginia University. 


No general solution of the differential equation of a square plate has ever been given; 
but Ritz has shown that an approximate solution may be developed. A particular case 
of his solution valid for the interior of the plate but not at the edges takes the form 
max nry nxXx mry 
w= Aw 66 —" 4 Bea 
a a a 


This equation is restricted to the cases in which the plate vibrates like a membrane. 
From it we may develop many curves which have the peculiarity that when two nodal 
lines cut one another, they must cut at right angles. By varying A and B, keeping m 
and n constant a series of nodal lines are found which resemble one another. This re- 
semblance is due to the fact that the note of the plate is approximately the same for 
each figure. Some of these curves have been found experimentally with an electric 
valve oscillator. 


2. A Reed Organ to Demonstrate the Just Scale, A. T. Jones, Smith 


College. 


This is a “baby organ” which has been in use in the Department of Physics at Smith 
College for about a dozen years. There are two stops—one tuned to the equal tempera- 
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ment, and the other tuned in such a way that it is possible to play just scales in the 
four keys of c major, f major, g major, and a minor. On the special stop the white digi- 
tals give the key of c major, while the c#, d#, f#, g#, and a# digitals give respectively the 
d for the keys of f major and a minor, the g# for the key of a minor, the f# for the key 
of g major, the a for the key of g major, and the bp for the key of f major. 


Since the d in the keys of f major and a minor is a comma flatter than the d in the key 
of ¢ major, and the a in the key of g major is a comma sharper than the a in the 
key of c major, it is possible to give certain demonstrations of beats as well as to show 
the effects of certain chords and successions of chords. 


3. Laryngoscopic Observations on the Parabolic Action of the Epi- 
glottis in Controlling the Directional Power of the Low, Middle 
and High Frequencies of the Singing Voice, Louis Simmions, New 
York. 


The speaker demonstrated laryngoscopic observations in the formation of primal 
sounds in the interior of his larynx and sang scales, arpeggios, intervals, trills, with 
the aid of a laryngoscope; he observed and reported the different elements which enter 
into the formation of the five fundamental singing vowels on open and covered position 
of the epiglottis; while making these observations he at the same time amplified 
these primal sounds and vowels into his own ears with a new acoustic device which he 
called a VOCALSCOPE. 





4. Short Time Variations in the Sensitivity of Condenser Trans- 
mitters, E. J. AbBott, University of Michigan. 


Although one decibel ordinarily represents a very minor change in loudness, it is often 
desirable to obtain an accuracy of measurement of a few tenths decibel. For example, 
in machine noise reduction it is often necessary to study the effect of a proposed change 
in the presence of several similar sounds. Hence the overall effect of a single change 
may be considerably less than a decibel, but if taken together with other similar changes 
the combined effect may be large. 


Since the microphone represents the only part of the usual type of sound meter which 
cannot be calibrated fairly readily, it is usually depended upon to maintain its calibra- 
tion over considerable periods of time. It appears that a microphone may maintain an 
average calibration, and still be subject to short time fluctuations in sensitivity which 
are liable to be serious in certain sound meter applications. 


The literature on microphone calibration deals chiefly with the theory of various 
methods, and the effects of certain corrections. Little has been published concerning 
how well one might hope to determine the sensitivity of a particular microphone on the 
basis of an accepted method with accepted values for some of the uncertain constants. 
This paper presents data obtained in an attempt to obtain a reference standard for 
microphone calibration at our laboratory, and illustrates certain variations which are 
attributed largely to changes in microphone sensitivity. Although these variations are 
doubtless familiar to those who have worked with absolute microphone calibration, it 
is hoped that the material will be of interest to many others who use sound meters. 


5. An Efficient Miniature Condenser Microphone System, H. C. 
HARRISON and P. B. FLANpErRs, Bell Telephone Laboratories. 
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This paper describes a Wente-type condenser microphone of high efficiency and an 
associated coupling amplifier which are of such small size that reflection and phase- 
difference effects are of negligible importance within the audible frequency range; 
while the cavity is so proportioned that its resonance effect is an aid rather than a 
detriment to uniformity of response in a constant sound field. 


6. Some Improvements on the Bells of a Carillon, G. M. GIANNINI, 


The Curtis Institute of Music. 


The unsatisfactory performance of the bells of a carillon from a musical standpoint is 
discussed and two improvements are suggested. The first is to check and regulate the 
amplitude of the partials of the bell with respect to the amplitude of the fundamental. 
The second improvement is the use of a damping device which brings the bells into the 


class of a musical instrument. The operation of such electrical apparatus to accomplish 
this second improvement is described. 


7. The Acoustic Properties of Small Gongs, J. C. STEINBERG and 


D. W. FARNSworTH, Bell Telephone Laboratories. 


This paper gives the acoustical properties of several types of small gongs and the rela- 
tions between some of these properties and the size, shape and material of the gongs. 


8. A New Analogy between Mechanical and Electrical Systems, F. A. 


FIRESTONE, University of Michigan. 


By considering each mass in a linear mechanical system as having two terminals, one 
fixed in the mass and one fixed to the frame of reference, every linear mechanical system 
is reduced to a multiplicity of closed mechanical circuits to which, force and velocity 
relations similar to Kirchhoff’s laws, may be applied. 


The conventional mechanical-electrical analogy is derived from the similarity of the 
equations 


E 
[= — 

Z 
wherein velocity v is analogous to current J. It is incomplete in the following respects 
which lead to difficulty in its application. 


a |" 


The new analogy is derived from the similarity of the following equations: 

v= fz E = IZ 
wherein force f is analogous to current J and 2 is the reciprocal of the mechanical im- 
pedance as usually defined. This new analogy is complete in all of the above mentioned 


respects in which the old analogy failed. It leads to analogous relations of a simple 
sort and permits an equivalent electrical circuit to be drawn in an easy intuitive manner. 


MONDAY, MAY 2nd, 1932 
2:00 P.M. 


9. The Variation of Hearing Acuity with Age, J. B. KELLY and H. C. 
MontTcoMERY, Bell Telephone Laboratories. 
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Measurements were made of the threshold intensity, under soundproof conditions, of 
over 500 ears, at 8 octave steps, from 64 to 8192 cycles, for persons between the ages 
of 20 and 60. At frequencies below 1024 the variations of hearing acuity over the age 
range are relatively small. At higher frequencies differences are found from decade to 
decade, becoming very pronounced at 4096 and 8192 cycles. 


10. The Estimation of Fractional Loudnesses, P. H. GEIGER and F. A. 
FIRESTONE, University of Michigan. 


Considerable divergence exists in the results obtained by different investigators (see 
abstracts 4 and 3, Journal of Acoustical Society of America, 3, p. 311 and 315, January 
1932) for the reductions in intensity which observers judge to correspond to reductions 
in loudness of one-half, one-fourth, or other fractions. In order to account for this 
divergence in results, experiments are being made wherein observers are asked to re- 
duce the loudness of certain sounds to different fractional values of the original. Loud- 
ness levels corresponding to 1000 cycle sensation levels of 30, 55, and 80 decibels of 
three sounds were used as the original sounds from which the required reductions were 
made. The three sounds used were a 1000 cycle tone, a 60 cycle tone, and a complex 
tone with components from 60 cycles to above 3000 cycles. The preliminary data show 
that: (1) the observer’s judgment can be easily influenced by the conditions of the test; 
(2) a given fractional change in loudness as judged by the observers does not correspond 
to the same fractional change in intensity for different loudness levels or for the different 
sounds. 





11. A Relationship between Loudness and the Minimum Perceptible 
Increment of Intensity, R. R. Riesz, Bell Telephone Laboratories. 


Using previously reported data (Phys. Rev., Vol. 31, May, 1928) concerning the dif- 
ferential intensity sensitivity of the ear, the number of perceptible increments of 
intensity is calculated as a function of the intensity expressed in db above the auditory 
threshold for frequencies of 200, 1000, 3000 and 10,000 c.p.s. These curves are then 
used in an attempt to arrive at a logical explanation of the data presented by Laird, 
Taylor and Wille (Jour. Acoustical Soc., Jan., 1932 “The Apparent Reduction in 
Loudness”). 


12. Low Frequency Thresholds of Hearing and of Feeling in the Ear 
and Ear Mechanism, R. L. WEGEL, R. R. Riesz and R. B. BLAcK- 
MAN, Bell Telephone Laboratories. 


A redetermination of the hearing threshold in the frequency range 35 to 1000 cycles 
shows the minimum audible pressure in the ear canal to be inversely proportional to 
the cube of the frequency up to about 500 cycles. This is interpreted to mean that the 
form of vibration of the basilar membrane does not change appreciably and that the 
amplitude of its motion varies inversely as the square of the frequency in this range. 
It follows from this that the threshold stimulus for the nervous tissue is a constant 
acceleration. This observation also shows that the efficiency of the ear at high fre- 
quencies is principally due to the properties of nervous tissue and that the maximum 
mechanical efficiency occurs in the frequency range at 1000 to 2000 cycles. A re- 
determination of the threshold of feeling shows a nearly constant pressure at low 
frequencies which corresponds to a constant amplitude of motion at the ear drum and 
ossicles, suggesting that this sensation originates in the middle ear. 
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13. An Experimental Determination of the Equivalent Loudness of 
Pure Tones, W. A. Munson, Bell Telephone Laboratories. 


The intensity levels at which pure tones of different frequency sound equally loud have 
been determined by comparison with a thousand cycle reference tone. A frequency 
range from 62 to 16,000 cycles and an intensity range from near threshold to un- 
comfortably loud sounds was covered. The tones were impressed upon both of an 
observer’s ears by means of telephone receivers, and were of short duration to avoid 
fatigue effects. The comparisons were made by eleven observers. From the intensity 
levels which were found to produce equality of loudness, the equivalent loudness of all 


points in the normal auditory sensation area were determined in terms of the 1000 
cycle reference. 


14. Loudness, its Definition, Measurement and Calculation, H. 
FLETCHER, Bell Telephone Laboratories. 


MONDAY, MAY 2nd, 1932 
8:00 P.M. 


15. Recent Fundamental Advances in Mechanical Sound Records on 
Wax Discs Using Vertical Cut-Demonstration, H. A. FREDERICK, 
Bell Telephone Laboratories. 


16. Acoustic Pickup for Philadelphia Orchestra Broadcast, J. P. Max- 
FIELD, Electrical Research Products, Inc. 


This paper describes the acoustic conditions surrounding the placement of the pickup 
microphones and the method of compressing the volume range to meet broadcast 
requirements in such a manner that the greatest possible motional value is retained. 


17. New Horizons in Music, LEorpoLp StoKOWsKI. 


TUESDAY, MAY 3rd, 1932 
9:30 A.M. 


18. Automatic Reverberation Meter for Sound Absorption, V. L. 
CHRISLER and W. F. SNYDER, Bureau of Standards. 


During the past several years the Sound Section of the Bureau of Standards has been 
endeavoring to develop an electrical method to measure reverberation times as a tool 
in the determination of absorption coefficients of materials. Various methods have 
been tried, similar to those used by other investigators, such as measurements from 
oscillograms, determination of end points of a decay curve and the plotting of a decay 
curve from measured times taken at definitely spaced arbitrary thresholds. In the 
measurement of absorption coefficients, great accuracy is necessary in the measurement 
of the rate of decay of sound and a careful analysis shows that a number of points are 
necessary in plotting decay curve. Since sound does not die away uniformly in a closed 
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space, it is necessary to determine these points statistically. To make the operation of 
the equipment less tedious, automatic methods have been developed and the procedure 
is almost entirely self operating. 


Estimating Room Errors in Loud Speaker Tests, E. W. KELLOGG, 
RCA Victor Company. 


Reflections from the walls, ceilings and floors of loud speaker test rooms are likely to 
be much greater than would be judged from listening tests. Simple calculations will 
show whether the errors resulting from these reflections are likely to be serious, and 
will also indicate how they may be most easily reduced. 


A New Reverberation Formula, W. J. SETTE, Electrical Research 
Products, Inc. 


The assumption is made that the probabilities are that any ray of energy, undergoing 
repeated reflection, will strike the individual surfaces of a room in proportion to the 
ratios of their areas to the total surface. The resulting expression for the reverberation 
time employs the logarithm of the geometric mean of the reflection coefficients. 


An Acoustic Constant of Enclosed Spaces Correlatable with Their 
Apparent Liveness, W. J. ALBERSHEIM and J. P. MAXFIELD, 
Electrical Research Products, Inc. 


Acoustics of Broadcasting and Recording Studios, G. T. STANTON 
and F. C. Scumip, Electrical Research Products, Inc. 


This paper describes the acoustic design of broadcasting and recording studios wherein 
the type and location of acoustic treatment is selected to permit a monaural pickup to 
represent, when reproduced, the acoustic conditions normally anticipated for the type 
of program presented. Acoustic conditions surrounding musicians and performers and 
those surrounding the microphone more nearly conform to established ideal relation 
between performers and audience under actual listening conditions. Certain examples of 
studios treated in accordance with this plan are described. 


Transmission of Sound through Doors, P. E. SABINE, Riverbank 
Laboratories. 


Some of the Factors which Affect the Measurement of Sound Ab- 
sorption, V. L. CurisLer, W. F. SNYDER and CATHERINE E. 
MILLER, Bureau of Standards. 

Curves have been drawn showing the effect of water vapor and temperature on the 


total absorption of a reverberation room. At 4096 cycles changes in barometric pressure 
seem to have an appreciable effect. 


When highly absorbent materials are placed in the reverberation room, the rate of 
decay is not uniform, 


a= seve vw 
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TUESDAY, MAY 3rd, 1932 
2:00 P.M. 


25. Position Finding by Underwater Sound Signals, B. R. HuspBarp, 


Submarine Signal Company. 


The ability of a navigator to fix the true position of his ship at sea under the adverse 
conditions of storm and fog has been made possible through synchronized radio and 
underwater sound signals. Hydrographic survey vessels are fixing their position with 
ease and accuracy by means of radio acoustic sound ranging and underwater sound 
spotting. The point of impact of a projectile fired from coast artillery is being de- 
termined by underwater sound spotting. Ships are checking their position at sea by 
taking a series of echo depth soundings. Coast defense fortifications are using under- 
water sound direction finding for the detection and location of distant invisible ships. 
In each case underwater sound signals are playing an important part. The paper de- 
scribes some of the more important technical aspects of these methods of position 
finding by underwater sound signals. 


26. Resonance in Rooms, VERN O. KNUDSEN, University of California 


at Los Angeles. 


The observed characteristic frequencies (or eigentones) in a small room are shown to 
agree with the theoretical frequencies » for the vibrating volume of air in a six-sided 


rectangular room, namely 
c F ¢ r? 
.=— seas. ibeetins ahpess 
2 l? 1? I 


where ¢ is the velocity of sound, h, /2, and J; the dimensions of the room, and , g, and r 
are integers. One or more of these integers vanish when one or more surfaces in the 
room are covered with absorptive material. When a tone, which is nearly of the same 
frequency as the frequency of one of the eigentones, is sounded and then stopped in the 
room, the decay, especially during the latter stages, consists of the free rather than the 
impressed vibration. Thus, in a room in which the fundamental frequency was calcu- 
lated to be 70 cycles, oscillograms revealed that impressed frequencies of 65, 68, 70, 
72, or 75 cycles all decayed at the fundamental frequency of 70 cycles. The reverbera- 
tion was about 50 percent longer for the resonant frequency (70 cycles) than it was 
for frequencies only 5 cycles lower or higher. Similar effects were observed in the 
vicinity of several of the overtones for the room. The results show conclusively that 
volume resonance must be considered in determining the absorptivity of materials 
by the reverberation method, and that resonance is an important factor in determining 
the acoustics of small rooms. 


27. A Method of Measuring Acoustic Impedance, P. B. FLANDERs, 


Bell Telephone Laboratories. 


An apparatus is described whereby acoustic impedances may be measured in terms of a 
known acoustic impedance and the complex ratios of two electrical potentiometer 
readings to a third. As a known impedance is chosen the reactance of a closed tube of 
uniform bore which is an eighth wave-length long. The electrical readings are obtained 
by balancing the amplified output of a condenser transmitter against the electrical 
input of the source of sound, 
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28. Automatic Logarithmic Recorder for FrequencyResponse Measure- 
ments, STUART BALLANTINE, Boonton Research Corp. 


This instrument was designed to facilitate obtaining records of frequency-response in 
cases, such as the investigation of electro-phones, where the response varies very ir- 
regularly with frequency and the point-by-point method becomes prohibitively tedious. 
fhe automatic registration is photographic and both the frequency and response co- 
ordinates are logarithmic. The logarithmic frequency scale (50-10,000 cycles) is ob- 
tained by the rotation of a special condenser connected to the platten carrying the 
photographic paper, the plates of the condenser being so shaped as to provide a 
logarithmic variation of frequency of the associated beat frequency audio oscillator. 
A logarithmic scale of ordinates is obtained by means of a new “logarithmic voltmeter” 
employing variable-mu exponential tubes which are automatically controlled. The re- 
sponse or sound-pressure range covered by the present instrument is 100x, although 
1000x is obtainable if necessary. Specimen records will be shown and the application of 
this recorder to studies of the response of loud speakers in the actual reverberant sur- 
roundings of the average home will be described. 


29. Auditory Nerve Responses and Auditory Theory, E.G. WEVER and 
C. W. Bray, Princeton University. 


30. Acoustic Measuring Instruments, R. L. Hanson, Bell Telephone 





Laboratories. 


During the past few years great advances have been made in various laboratories 
toward the development of instruments for making quantitative measurements of 
acoustic phenomena, Among the instruments of this type which have been developed 
at the Bell Telephone Laboratories, are a reverberation meter, a sound meter, an 
automatic level recorder, a rapid record oscillograph, and three types of audiometers. 
Although these instruments have previously been described in detail elsewhere this 
paper will be a summary of their main features and the purposes for which they are 
adapted. It will be followed at the close of the session by an exhibit of the instruments in 
operating conditions. 
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NEW HORIZONS IN MUSIC* 


By LEopoLp STOKOWSKI 


As we work, thinking all the time of certain problems that interest us, 
we are inclined to become specialists. By nature’s limitation of twenty 
four hours a day we are forced to narrow down our mental process and 
concentrate on a few things if we are going to really develop or create 
anything new in that direction. But also we should know what it all 
really means in a big way, not just to the people that we live in contact 
with, but to the whole world. 

I feel that danger of thinking in terms not of the United States but 
just of Philadelphia, not of Philadelphia but just of Germantown—just 
of some little place where I live—and I then try to feel the whole thing 
on a world-wide scale and it is very difficult. Perhaps some of you 
physicists feel that same thing. 

What are we trying to do? We who are dealing in sound. The ulti- 
mate aim is to send, to project, the finest quality of music that we can 
to as many people as we can all over the world. We have to find the 
means to do that. At present, they are imperfect and limited, but as we 
work new horizons, new possibilities, open up before our eyes. 

There comes this question in sound—you work in all of sound, but I 
only work in part of sound, music—What is the borderline between 
music and sound? That is all worked out conventionally. You know the 
formula for it, but in the history of science you have also seen hundreds 
of formulas exploded. They were not big enough. The men who formed 
them didn’t know enough and our formula is now being expanded. 
Mainly, the tone film is bringing into consciousness the idea that much 
in sound has esthetical value that formerly we wouldn’t call music at 
all. It suggests ideas to us. It evokes emotions, and if it evokes emotion, 
it is esthetic, and if it is esthetic, we must bring it into the field of music 
and not bar it and say that it is mere noise. 

Just now you heard that symphony of Lopatnikov and many people 
have said to me, “That is not music at all. That is just noise.” How are 
we to determine where is the borderline between noise and music? 
Frankly, I don’t know. Does anybody really know? It seems to me that 
we have to bring broader conceptions into our work to discover that 
borderline. The probability is that it will be solved by a combination of 
the work of physicists, musicians, and of psychologists. 


* Address delivered extemporaneously—not read before the New York meeting of the 
Acoustical Society, May 2. 
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I have the great privilege and pleasure of working sometimes daily 
with physicists from laboratories in this country—wonderful men. 

I wish I could also work with psychologists who are interested in 
sound, its effect on man, the emotional effect of music on man. 

Why is it that certain music makes us feel sad, another kind makes us 
feel gay, another stimulates us, another relaxes us? Why is that? We 
know so little and it is so important to know that, because our ultimate 
aim is to project music in the fullness of its eloquence all over the world 
—perhaps to other planets some day. 

Another form in which new horizons are opening out to us is the 
drama with music. You have all had the experience of seeing on the 
stage a drama combined with hearing music. What you saw and heard 
didn’t always synchronize in time, and especially they didn’t always go 
together well in dramatic import. You go to Tannhiuser, and the idea 
back of Tannhiuser is that Venus, the most beautiful woman who ever 
existed should tempt Tannhiuser from the narrow path of virtue. But 
unfortunately Venus was chosen because she had a marvelous larynx 
and unfortunately sometimes she weighed too many pounds and un- 
fortunately—but I leave that to your imagination. And so the whole 
evening, the whole point and meaning of that drama is changed and 
spoiled because you couldn’t imagine anybody (laughter) well— 

It is such a pleasure to talk to physicists. They understand every- 
thing! 

Can we change that lady? She might change herself if she would 
exercise, if she would eat less spaghetti, but it is really not going to 
be necessary. Electricity will change the lady. I believe there is a way 
whereby we can overcome that problem. Drama with music, consists of 
two things. One appeals to your eye the other appeals to your ear. They 
are often contradictory as we know them at present. We choose our 
actors and our actresses, our chorus, for the way they sound, but un- 
fortunately they don’t look appropriately sometimes. They don’t look 
as is necessary for the drama in question. 

Now, if we divorce those two, if we find the best elements of sound, 
the best singers, the best chorus, the best orchestra, and give you that, 
by wired transmission as ideally as we can, if separately we find actors 
and actresses, groups of dancers, and mimes who will meet with the ap- 
proval of your eye when on the stage, who will be as ideal as possible in 
their physical makeup, in their knowledge of stage craft, if we syn- 
chronize these two groups the problem will be solved. 

We are working at that now. We are making no claims about it at 
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all. We are simply working at that problem, and we hope in a few 
months to make a first attempt to solve it. And surely, we won’t solve 
it the first time, but somebody has to make the first attempt, and we 
are going to try. 

The old methods of tone production were empirical. A man cut a reed 
n the forest, made some holes in it, and made a primitive kind of a flute. 
We don’t know how many centuries of development it took to make 
even that. What discoveries, quite of genius, were made on the part of 
some man living in remote times to make a flute. It was very imperfect. 
Since then, we have developed it. We make it out of metal now and we 


have keys on it. We have done all kinds of things to it. But it is still im- | 


perfect. It is still not in tune. No instrument in the orchestra is in tune. 
We have to battle all the time with those instruments, and their limita- 
tions. They give us various intensities of harmonics which are their 
nature. If we want some other intensities, they cannot as a rule give 
them to us. We were limited to the old empirical methods of tone pro- 
duction until recently, but new possibilities open out to us—new pos- 
sibilities in frequency and timbre. 

For example, in the electrical instruments we now have we are able 
to intensify any harmonic we wish, to give any timbre. That was not 
possible in the old instruments. That is one possibility. But there is 
another. Instead of taking those concentric harmonics above the funda- 
mental, we can take eccentric sounds above the fundamental and in- 


tensify those in various degrees so that we shall be able to create an en-— 


tirely new timbre. 

Also, wherever we find a voice which is very exceptional, we can find 
the most favorable note in that voice, the one that has the tone we want. 
We can record that sound on film. We can reproduce that above and 
below. We can make it like an organ stop—the whole range of that 
sound. There are many other new possibilities dimly opening out be- 
fore us of that nature whereby instead of having a limited palette of 
tone-colors as in the old days, we can increase their number greatly. 

What would it mean to painters, any great painter of today, if a 
physicist would come to him and say, “I can give you new colors, things 
you have never dreamed of.” How they would welcome that! 

That is what you physicists are giving more and more to musical art. 

Then, we have been working since the late seventeenth century and 
early eighteenth century, with tempered scale. There was a reason why 
tempered scale was at that time an advantage, but many musicians are 
feeling today that it is becoming more and more a disadvantage, a limit. 
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I have the great privilege and pleasure of working sometimes daily 
with physicists from laboratories in this country—wonderful men. 

I wish I could also work with psychologists who are interested in 
sound, its effect on man, the emotional effect of music on man. 

Why is it that certain music makes us feel'sad, another kind makes us 
feel gay, another stimulates us, another relaxes us? Why is that? We 
know so little and it is so important to know that, because our ultimate 
aim is to project music in the fullness of its eloquence all over the world 
—perhaps to other planets some day. 

Another form in which new horizons are opening out to us is the 
drama with music. You have all had the experience of seeing on the 
stage a drama combined with hearing music. What you saw and heard 
didn’t always synchronize in time, and especially they didn’t always go 
together well in dramatic import. You go to Tannhiuser, and the idea 
back of Tannhiauser is that Venus, the most beautiful woman who ever 
existed should tempt Tannhiuser from the narrow path of virtue. But 
unfortunately Venus was chosen because she had a marvelous larynx 
and unfortunately sometimes she weighed too many pounds and un- 
fortunately—but I leave that to your imagination. And so the whole 
evening, the whole point and meaning of that drama is changed and 
spoiled because you couldn’t imagine anybody (laughter) well— 

It is such a pleasure to talk to physicists. They understand every- 
thing! 

Can we change that lady? She might change herself if she would 
exercise, if she would eat less spaghetti, but it is really not going to 
be necessary. Electricity will change the lady. I believe there is a way 
whereby we can overcome that problem. Drama with music, consists of 
two things. One appeals to your eye the other appeals to your ear. They 
are often contradictory as we know them at present. We choose our 
actors and our actresses, our chorus, for the way they sound, but un- 
fortunately they don’t look appropriately sometimes. They don’t look 
as is necessary for the drama in question. 

Now, if we divorce those two, if we find the best elements of sound, 
the best singers, the best chorus, the best orchestra, and give you that, 
by wired transmission as ideally as we can, if separately we find actors 
and actresses, groups of dancers, and mimes who will meet with the ap- 
proval of your eye when on the stage, who will be as ideal as possible in 
their physical makeup, in their knowledge of stage craft, if we syn- 
chronize these two groups the problem will be solved. 

We are working at that now. We are making no claims about it at 
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all. We are simply working at that problem, and we hope in a few 
months to make a first attempt to solve it. And surely, we won’t solve 
it the first time, but somebody has to make the first attempt, and we 
are going to try. 

The old methods of tone production were empirical. A man cut a reed 

n the forest, made some holes in it, and made a primitive kind of a flute. 

We don’t know how many centuries of development it took to make 
even that. What discoveries, quite of genius, were made on the part of 
some man living in remote times to make a flute. It was very imperfect. 
Since then, we have developed it. We make it out of metal now and we 
have keys on it. We have done all kinds of things to it. But it is still im- 
perfect. It is still not in tune. No instrument in the orchestra is in tune. 
We have to battle all the time with those instruments, and their limita- 
tions. They give us various intensities of harmonics which are their 
nature. If we want some other intensities, they cannot as a rule give 
them to us. We were limited to the old empirical methods of tone pro- 
duction until recently, but new possibilities open out to us—new pos- 
sibilities in frequency and timbre. 

For example, in the electrical instruments we now have we are able 
to intensify any harmonic we wish, to give any timbre. That was not 
possible in the old instruments. That is one possibility. But there is 
another. Instead of taking those concentric harmonics above the funda- 
mental, we can take eccentric sounds above the fundamental and in- 
tensify those in various degrees so that we shall be able to create an en-— 
tirely new timbre. ; 

Also, wherever we find a voice which is very exceptional, we can find 
the most favorable note in that voice, the one that has the tone we want. 
We can record that sound on film. We can reproduce that above and 
below. We can make it like an organ stop—the whole range of that 
sound. There are many other new possibilities dimly opening out be- 
fore us of that nature whereby instead of having a limited palette of 
tone-colors as in the old days, we can increase their number greatly. 

What would it mean to painters, any great painter of today, if a 
physicist would come to him and say, “I can give you new colors, things 
you have never dreamed of.” How they would welcome that! 

That is what you physicists are giving more and more to musical art. / 

Then, we have been working since the late seventeenth century and | 
early eighteenth century, with tempered scale. There was a reason why 
tempered scale was at that time an advantage, but many musicians are 
feeling today that it is becoming more and more a disadvantage, a limit. 
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In those days it gave us more freedom to modulate, to pass from one key 
center to another key center in music. Those resources have been very 
fully developed. There is a great feeling on the part of musicians to re- 
turn to nature’s intervals, to nature’s ratios of tone as exemplified in 
components above any fundamental. 

These intervals, which are very simple ratios, were difficult, and in 
some ways impossible with the old instruments but with the new order 
of things, they are all going to be possible. 

Another vista that is opening out is for the composer, for the creator 
in music. At present—Wagner, Debussy, Stravinski—he writes some 
black marks on paper. They dry. There you have paper and black 
marks, but you haven’t music yet. An orchestra of about one hundred 
men has to come, if it is orchestral music, and a conductor has to come, 
and they have to breathe life into those marks on paper. 

So it is a double process—first, the writing down on the paper, and, 
second, the bringing to life of those marks which are on the paper. 

That has the disadvantage of being a double process, where much may 
be lost in misunderstanding between groups of individuals. It also has 
another great disadvantage. Our musical notation is utterly inadequate. 
It cannot by any means express all the possibilities of sound, not half of 
them, not a quarter of them, not a tenth of them. We have possibilities 
in sound which no man knows how to write on paper. If we take an 
orchestral score, and reproduce it, just mechanically perfect, it will 
sound mechanical. It won’t have the human element in it. Also, there 
would be so much that the composer was trying to express, that he con- 
ceived but couldn’t write down because of the limitations of notation. 
Those who play and sing the music must try to find what those things 
are which were lost and supply them. Still further, sometimes, comes 
someone who has creative ability to enrich still farther what has already 
been done, just as you will find in Europe a wonderful cathedral which 
was begun in the eleventh century or earlier, in Romanesque times, 
added to in Gothic, added to in a later Gothic, added to in Renaissance, 
. becoming richer, becoming more varied, even having marvelous con- 
flicts of style, dynamic conflicts. So it is in art. It is not static. It is not 
finished when it is written down. It is growing all the time like a tree. 

That is going to be possible in the new order of things. One can see 
coming ahead a time when a musician who is a creator can create di- 
rectly into TONE, not on paper. That is quite within the realm of pos- 
sibility. That will come. Any frequency, any duration, any intensity he 








| eee ee ee ee 


— 





ot 


Sr 
PERT ET ALLE LE I 


PRES 


——— 


1932] LEOPOLD STOKOWSKI 15 


wants, any combinations of counterpoint, of harmony, of rhythm,— 
anything can be done by that means, and will be done. 

In intensity, new things are coming. In the old days we were limited 
by what a voice or an instrument or an orchestra could produce in in- 
tensity levels. Today that is extended and made larger. It is being ex- 
tended almost daily. The limits are different now. We are not limited 
now by what the voice can do, or the instrument, or the orchestra. We 
are limited by what the human ear can take in with pleasure; at the soft 
end it is the threshold of audibility; at the loud end, it is the point where 
sound becomes painful. I noticed just now when you were listening to 
one of those organ records that it was right at the borderline of the pain- 
ful to some of you! 

That has to be discovered—where that borderline is for the majority 
of music-lovers so that we can create a new standard for that. 

We have made experiments along that line. We have amplified the 
orchestra six and a half times. We amplified it that amount because we 
just happened to have the equipment that would give that amplifica- 
tion. It was a thrilling sound. It was, to me, of course, an entirely new 
experience because it had never so far as I know been done before. It 
was not from a record. It was not from radio. It was directly from the 
orchestra. We had two rooms, a large auditorium and a smaller one, but 
still a large room, not far from it. We wired it to the smaller room. We 
measured by a process so that we would have exactly the same level of 
intensity in the smaller room as we had in the larger room. Then we in- 
creased that six and a half times. 

That led to a new horizon. Of course, we shall be able to amplify more 
than that. We shall have to find by experiment under certain conditions 
of air volume the highest point to which we can amplify, and then comes 
something entirely new as a possibility. We shall be able to lift the loud- 
est places of our crescendo and fortissimo to that top level, and then 
keeping that up there we shall be able to stretch the lower level down to 
just above noise level. Then we shall have a most tremendous range of 
tone, of crescendo, of diminuendo, of the antithesis and contrast be- 
tween very loud and very soft, of masses of loud tones, of other masses of 
soft tones. On this contrast in intensity mainly depends the emotional 
reaction of music to the music lover, and one begins to see dimly entirely 
new Vistas and possibilities in that direction. 

In the past we have had a relation between intensity and frequency 
that was governed by our empirical practice and our instruments. But 








16 JOURNAL OF THE ACOUSTICAL SOCIETY (July, 


now there comes a new question: Now that we have great freedom and 
can produce almost anything we wish, what relations are desirable 
esthetically, musically, between the fundamental and its components? 
At first the music lover thinks he knows, but after he thinks about it a 
little he realizes that he really doesn’t know. We know what we have 
done in the past, but now with enlarged possibilities how shall we define 
what is going to be those ideal relations? It seems to me that there again 
the physicist, the musician, and the psychologist must come together 
and study the problem. 

Then, in duration, rhythmic combinations are going to be possible 
which on the old type of instruments were difficult and sometimes im- 
possible. Combinations of rhythms in sequence, very simple ones that 
we have today, are groups of five formed by three followed by two, or 
two followed by three, or groups of seven, four followed by three, or 
three followed by four. And then contrasting rhythms sounding simul- 
taneously. At present, simple combinations are to have three lengths in 
duration sounding simultaneously with two, or seven against four— 
such ratios. But one can see now that other things will be possible. 

The system of music which we use in our cities is derived from the 
European system. I am not speaking now of the American Indian sys- 
tem which is an entirely different conception, or of the Negro elements 
brought in from Africa. Sometimes we forget that there are many other 
conceptions of music which are entirely different, and one of the most 
interesting is the Javanese system. It is something like this, as near as 
one can describe it with words: It is played mainly by gongs and bells 
and instruments of percussion. Usually a gamalung or orchestra has 
about thirty players. There is a theme or melody which is very ancient. 
It is almost always of a religious, ritualistic character. It is a theme that 
usually has been brought from India, when Java was Buddhistic, or 
Hindu. This theme is played by middle-sized gongs in rather long notes 
which would correspond in our system of notation to whole notes. Then 
a counterpoint is played by slightly smaller instruments, which have a 
frequency range a little higher, in half notes and twice as fast, a ratio 
of one to two in duration. Then still smaller instruments play another 
counterpoint, quite independent of that first one, in quarter notes, four 
to one in duration. Still smaller instruments play another entirely differ- 
ent counterpoint in eighth notes, eight to one, and still others in 
sixteenth notes, a very rapid, very freely improvised counterpoint in 
sixteenth notes. Then on the other side of the chief melody, the ritual- 
istic theme, which corresponds to the cantus firmus of Europe in the 
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Middle Ages, are larger instruments which play a single note for every 
two of the cantus firmus, or chief theme; still larger instruments for 
every four, wider spaced; still larger instruments for every eight; larger 
ones for every sixteen. And those great curves, like great arches of 
sound, every sixteen bars, as we would say, are called in their language 
gongs. A gong strikes at that place each time, and at every third stroke 
of those gongs, an enormous gong plays one note, forming a period in the 
Javanese rhythmic design. That shows the mathematical construction 
of their music. It is usually built in that way and has great flexibility 
because the counterpoints are improvised and free. Javanese counter 
melodies having a duration ratio of 1 to 2, 1 to 4, and in corresponding 
steps up to 1 to 256 are similar in nature with the European counter- 
point of the first, second and third species. In Javanese music a second 
series of ratios is interwoven with the durational. As the duration be- 
comes shorter the frequency becomes pari passu higher. The relation of 
these two ratios to each other I could not clearly understand but I hope 
to return to Java to study this very interesting problem. This partial de- 
scription of Javanese music may give an impression that it is cerebral 
and mathematical. Quite the opposite. It is atmospheric, intangible, 
hypnotic, highly emotional. Such designs in duration and ratios be- 
tween intensity and frequency—are going to be more and more possible 
to us with the new means at our disposal. 

Then in India there are still more complex forms of duration, of 
rhythm. They have men who play on instruments which are something 
like our tympani. They play the most extraordinary rhythms. Only by 
studying them and listening to them over and over again can one under- 
stand them. They have progressive rhythms. For example, they will 
have a kind of arch of fourteen and it is built up progressively—in 
groups of duration periods or beats of two-three-four-five. That makes 
a progressive, longer arch each time and has a most extraordinary ex- 
hilarating effect upon the listener when played very fast. 

Such conceptions of progressive rhythms we haven’t yet developed in 
our music and it is well to keep in mind that our system of music is only 
one of many systems in the world, that many other possibilities exist 
in sound, not only exist in possibility, but have been in use for centuries 
in other continents. 

If we want to see and understand completely the problem, and the 
thing we are aiming at, we should trace transmission back as far as we 
can to its origin. When we send music by radio, what are we sending 
out? It is something which an orchestra or some singers or some in- 
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strumentalists are feeling very intensely at that time. Trace it farther 
back. It is something that a composer once also felt very intensely and 
recorded as well as he could, by our imperfect notation system. Trace it 
farther back. What is it? Where did this inner vision of sound come from 
this thing that inspired Bach, or Beethoven, or Mozart or Wagner, De- 
bussy, Stravinski, or any great master? What was it that happened to 
that man? Where does it come from? 

We know so little. We know that man was inspired, that he was il- 
lumined, but by what? At other moments he was just an ordinary man, 
but at certain moments he was a superman. Something was added to his 
stature, spiritually. What was it? 

There is a field of study for the psychologists which would un- 
doubtedly have some results and would shed light on our problems. 
Otherwise, we are using material that we imperfectly, so incompletely 
understand. 

Now, let’s trace forward reception to the ultimate. There is a receiv- 
ing set in the house of some music lovers. They sit and listen to the 
music. The receiving set gives out as many frequencies and as much in- 
tensity as the company and the radio commission permits (laughter) 
and perhaps they will give you some more later. The air in that room 
vibrates. It strikes here (indicating the ear). It is conveyed to the brain. 
It is transformed from air vibration into some other kind of vibration of 
which we know little. And then comes a miracle. It evokes states of feel- 
ing and states of being which are so powerful that one almost loses con- 
trol of one’s self—states of feeling that are so inspiring, that make one 
see visions of beauty, possibilities in life, that in ordinary every-day life 
don’t exist for us. And yet we are the same persons. 

It is just a little air vibration which creates this miracle and we be- 
come inspired. Why is that? We know so little, but we ought to know. 
Physicists, musicians, we who are trying to do this wonderful thing, we 
should know that ultimate limit there. We should understand what this 
extraordinary circuit is from inspiration through transmission, through 
reception, back to inspiration. That is something quite miraculous, and 
it is a wonderful object for the study of science because science must not 
limit itself in anything. As science grows, and it is growing at galloping 
speed every minute of the day, it must include everything in nature and 
everything in man, art, all the arts, religion, philosophy, the most reck- 
less adventures of the imagination—all these things are material for 
science to understand. 
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By understanding these things more and correlating them, we shall 
be able to do better the thing that we live for, that inspires us, and for 
which we become fanatical. 

So that the scientist will by analysis understand more, the psycholo- 
gist by analysis in his field will understand more, and then the physicist 
and the psychologist and the artist, coming together and working to- 
gether like three brothers, will synthesize all those results, and then we 
shall have an art so complete, so inspired, with such understanding as 
we have never known in the past. 

These are some of the new horizons that very dimly come to me some- 
times when working at these things. 








RESONANCE IN SMALL ROOMS 
By VERN O. KNUDSEN 


University of California at Los Angeles 


1. INTRODUCTION 


Resonance in rooms is often confused with reverberation, but per- 
haps those who have described “reverberant” rooms as resonant ones are 
not so far from the truth. Nearly everyone has observed the marked 
resonance in a small room finished with glazed tile or even hard plaster. 
Many organists and choristers maintain that certain churches possess 
a “sympathetic note,” that is, that these churches (usually ones which 
are excessively reverberant) tend to reenforce a tone or tones within a 
restricted region of pitch, as tenor A, for example.’ The gravest mode of 
vibration in a large church, or any large auditorium, is certainly sub- 
audible, and the overtones (or eigentones) for all frequencies higher than 
about 100 cycles are so numerous and close together that one would be 
inclined to doubt the existence of a single region of resonance, especially 
in proximity to tenor A which is so far removed from the fundamental 
frequency. 

Recently, there have appeared two theoretical papers, one by K. 
Schuster and E. Waetzmann,’ and one by M. J. O. Strutt,® which adopt 
the viewpoint that reverberation consists solely of the free damped vi- 
bration of the volume of enclosed air in a room. According to this view, 
no external forces act on the air particles after the source of sound in the 
room has been stopped; the frequency (or frequencies) of the decadent 
sound is made up of the “spectrum” of the free vibrations which have 
been excited in the three-dimensional continuum. These frequencies will 
be determined by the dimensions of the room and the steady-state con- 
figuration of sound in the room at the instant the source is stopped. 
Strutt shows that the Sabine (reverberation) law is a general asympto- 
tic property of these free damped vibrations if the frequency of the im- 
pressed vibration is very high compared with the fundamental fre- 
quency of the three-dimensional continuum. Schuster and Waetzmann 
point out that existing theories which deal with the paths of separate 


1 See Bagenal and Wood, Planning for Good Acoustics, 216-218 (Methuen and Company, 
London). A number of expert opinions are cited which give substantial support to the claim 
that these “sympathetic notes” exist, although it is difficult to account for them in large 
rooms on the basis of any satisfactory theory. 

2 K. Schuster and E. Waetzmann, Ann d. Physik (5) 1, 671-695 (1929). 

3M. J. O. Strutt, Z. ang. Math. Mech. 10, 260 (1930). 
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sound rays in a room are unsatisfactory;that more properly one should 
begin with the wave equation and derive the reverberation formula by 
introducing appropriate boundary conditions. 

It is the object of this and one or more subsequent papers (1) to as- 
certain the nature of resonance in rooms, which is recognized by many 
authorities to be an important factor in determining the acoustics of 
music rooms; and (2) to investigate the effect of resonance on the rate 
of decay of sound, an effect which it will be shown cannot be ignored in 
small reverberation rooms which now are used for the testing of sound- 
absorptive materials. The present paper is limited to the general nature 
of volume resonance in a small room. 


2. ELEMENTARY THEORY OF THE FREE UNDAMPED VIBRATIONS 
OF THE AIR IN A RECTANGULAR ROOM 


The frequencies of the free or natural undamped vibrations ofa rect- 
angular volume of air, as the air in a small room bounded by reflective 
surfaces, can be determined by setting up the wave equation and im- 
posing upon it appropriate boundary conditions.‘ The wave equation 
for sound in a three-dimensional continuum of air may be written 


0°p/dt? = 2 7%, (1) 


in which ¢ represents the displacement variable and c the velocity of 
sound in the air. If ¢ varies sinusoidally, say as sin 27nt, as it would 
for any one of the eigentones, Eq. (1) may be put in the form 


V2 + ko = 0, (2) 


in which k=2rn/c. The boundary condition which must be satisfied 
over the entire surface of the room is d¢/dN =0, where N represents the 
normal to the surface. This boundary condition is satisfied by the form 


@ = cos (prx/h) cos (qry/lz2) cos (rxz/l;), (3) 


where p, g and r are integers, and /,, /2 and /; are the lengths of the edges 
of the rectangular room. The x, y and z axes are chosen to coincide with 
the three intersecting edges of the rectangular and six-sided room. This 
solution also will satisfy Eq. (2), but only for special values of k, namely 


2 2 pve 
k=r = + = -— ° (4) 
1;? 1,” 1;? 


* See, for example, Rayleigh, Theory of Sound, Volume I, p. 69. 
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These values of & give the free or natural (undamped) frequencies of 
vibration of the volume of air in the room, namely 


ck C Pp? g? r2 1/2 
renga 5 
. “lage 2 <(4 tie 1,2 r. =) ( ) 


Let /; be the width, /, the length, and /; the height of the rectangular 
room. The gravest mode of vibration will correspond to that for which 
the vibration of the air is in the direction of the longest dimension of 
the room. In a room 8 feet by 8 feet by 9.5 feet (high), in which the ex- 
periments to be described in this paper were made, the gravest mode 
should correspond to that of a pipe 9.5 feet long and closed at both ends, 
namely »=c/2X9.5. In this case, p=0, g=0, and r=1. A number of 
the free frequencies or eigentones, for this rectangular room, calculated 
by means of Eq. (5), are given in Table I. The room, with the exception 


TABLE I. Frequencies of the free vibrations of a rectangular room 8 feet by 8 feet by 9.5 feet. 














Number| q | r | n Number| )p | q | r | n 
1 0 0 1 59.1 18 1 2 1 168.2 
2 0 1 0 70.3 19 2 1 1 168.2 
3 1 0 0 70.3 20 0 0 3 177.6 
4 0 1 1 91.7 21 0 2 2 183.9 
5 1 0 1 91.7 22 2 0 2 183.9 
6 1 1 0 99.6 23 0 1 3 191.0 
7 1 1 1 115.9 24 1 0 3 191.0 
8 0 0 2 118.4 25 1 2 2 196.8 
9 0 1 2 137.8 26 2 1 2 196.8 
10 1 0 2 137.8 27 2 2 0 198.8 
11 0 2 0 140.6 28 2 2 1 207 .6 
12 2 0 0 140.6 29 0 3 0 210.9 
13 0 2 1 152.4 30 3 0 0 210.9 
14 2 0 1 152.4 31 3 0 1 218.0 
15 1 1 2 154.7 32 1 3 0 222.2 
16 1 2 0 157.2 33 3 1 0 222.2 
17 2 1 0 157.2 34 2 2 2 231.4 








of a small wood door, is finished with painted concrete. The calculated 
frequencies are based upon a velocity of sound of 1125 feet per second, 
which is closely approximated at the normal temperature of the room,° 
namely, 21°C. Then 


1125 p? r 1/2 
“= wee ss - =a) ; 
; << - 82 


5 In some cases the temperature of the room was as high as 22.6°C. No temperature correc- 
tions have been applied to the experimental data. 
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If the floor or the ceiling, or both, be covered with a highly absorp- 
tive material, any vibrations in the vertical direction should be quickly 
damped so that the remaining free vibrations (or at least the most 
prominent ones) should be limited to the two horizontal directions, 


and therefore 
c [Pp “y 
oz —| — + — 6 
2 (7 1,? ( ) 


Hence, the remaining prominent modes of vibration in the room should 
have the frequencies given in Table IT. 


TABLE II. Free vibrations in small rectangular room, with floor and ceiling non-reflective. 














p q n 

0 1 70.3 
1 0 70.3 
1 1 99.6 
0 2 140.6 
2 0 140.6 
1 2 157.2 
2 1 157.2 
0 | 3 210.9 
3 | 0 | 210.9 





Now, if not only the floor or ceiling but also one or both of a pair of 
opposite walls be covered with highly absorptive material, the room 
becomes essentially a one-dimensional system, and the most prominent 
frequencies should be given by 


n = cp/2h. (7) 


Hence, in this case, the most prominent eigentones should be 70.3, 
140.6, 210.9, ..., that is, they will form a harmonic series similar to 
the series for a pipe closed at both ends. It will be shown, however, that 
the usual type of absorptive material used in buildings is not sufficiently 
absorptive—at least at low frequencies—to accomplish this end. 

It will be noted from Table I that even within the range of the first 
two octaves there are 22 characteristic frequencies, and the number 
would be larger than this if /, differed from /, as it does in most rooms. 
One would not anticipate that any one of these modes would be out- 
standingly prominent, but rather that a sufficient number of them are 
harmonic to impart a characteristic tonality to all sounds produced in 
the room, and indeed one can readily sense the harmonic character of 
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all sounds (including complex noises) that are allowed to reverberate in 
the room. 


3. EXPERIMENTAL FINDING IN A SMALL RECTANGULAR 
Rooom, 8’ X8’x9.5’. 


A large number of oscillograms (269 in all) have been obtained in the 
small rectangular room which reveal many interesting characteristics 
concerning resonance and reverberation. Steady tones were produced 
in the room by means of an electrodynamic loud speaker operated by a 
vacuum-tube oscillator. The loud speaker was located in one corner of 
the room. The oscillograms, which were obtained in the usual manner, 
by means of an electrodynamic microphone, a high quality amplifier 
and an oscillograph, show both the steady state of sound in the room 
and the nature of the decay after the source is stopped. In order to in- 
crease the length of decay which can be recorded on a film, a time-delay 
relay was introduced in the amplifier circuit which increased tenfold the 
current supplied to the oscillograph. Thus, after the sound has decayed 
to about one tenth of its initial amplitude, the relay, controlled by the 
discharge of a condenser through a resistance, operates a potentiometer 
which increases the gain of the amplifier. In this way, each oscillogram 
will show a decay of at least 30 to 40 db. Time lines are recorded on the 
top edges of the films. The interval between successive marks, unless 
otherwise noted, is 0.01 second. The time lines are produced by spark 
discharges from a coil and condenser operated by a standard 50-cycle 
alternating current. The spark discharges are focused on the film by a 
cylindrical lens. 

Int Fig. 1 are some oscillograms that indicate the wave forms of (1) 
the alternating current which actuated the electrodynamic loud speaker, 
(2) the tone generated by the loud speaker when placed in the open and 
away from reflecting surfaces, and (3) the tone generated by the loud 
speaker when placed in the test room. The upper three oscillograms are 
for a frequency of 77 cycles, and the lower three are for a frequency of 
200 cycles. The wave forms of a number of tones generated in the test 
room also are indicated in the steady state portions of several of the 
oscillograms shown in Figs. 3 to 10. In many instances, as would be ex- 
pected, the resonant properties of the room will either tend to purify a 
tone (when the fundamental of the impressed vibration agrees with a 
free vibration of the room), or to distort a tone (when certain harmonic 
components of the impressed vibration agree with certain overtones for 
the room). Even though the loud speaker may generate a nearly pure 
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tone, the resulting tone in the room may have a complex wave form. In 
order to obtain even reasonably pure tones in a room it is necessary, 
therefore, that the tones generated by the loud speaker be very pure. In 
general, commercial types of loud speaker do not generate pure tones, 
especially at frequencies below 100 cycles, even though the actuating 
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Fic. 1. Oscillograms showing the wave forms of (1) the alternating current which actuated the loud 
speaker, (2) the tone generated by the loud speaker in free space, and (3) the tone generated by 
the loud speaker in the test room. 
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Fic. 2. Resonance peaks in a room 8 feet by 8 feet by 9.5 feet. All peaks agree with 
the resonant frequencies predicted by Eq. (5) 


currents have true sinusoidal wave forms. It was found that an alum- 
inum cone associated with an electrodynamic loud speaker provided a 
much better wave form (at low frequencies) than did the same loud 
speaker with the usual paper cone. Accordingly, the aluminum cone 


speaker was used as the source of tone in the experiments to be de- 
scribed. 
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Some of the resonant characteristics of the small test room are clearly 
revealed in Fig. 2. The deflection of the vibrator of the oscillograph is 
plotted as a function of the frequency of the tone generated in the room. 
The potential difference across the loud speaker was kept constant at 
all frequencies. Although this does not insure a constant rate of emission 
of acoustical energy from the loud speaker at all frequencies, it is en- 
tirely satisfactory for revealing the resonant peaks in the room. It will 
be noted that the frequencies of the peaks in the curve of Fig. 2 coincide 
remarkably well with the calculated resonant frequencies in Table I. In 
fact, every overtone in the series predicted by Eq. (5), up to 231.4 
cycles, was readily identified both by the deflection of the oscillograph 
and by aural observations made just outside the door of the test room. 
As the frequency of the tone in the room was gradually adjusted to 
coincidence with any one of the eigentones, the “swelling” loudness 
would give the effect of a powerful crescendo. As will be seen from the 
response curve in Fig. 2, a change of frequency of only one or two cycles 
often was accompanied by a change of amplitude of 10 to 20 fold. The 
intensity level of the tone therefore changed as much as 20 to 25 db for 
a change of pitch of much less than a semitone. It is obvious that these 
resonant peaks in a room will affect profoundly the quality of any sounds 
produced in the room. 

Response curves similar to the one in Fig. 2 have been obtained (1) 
with the entire floor covered with an absorptive acoustical tile (“Triple 
B” Acousti-Celotex), and (2) with both the floor and one wall com- 
pletely covered with the absorptive tile. The curves were similar to the 
one in Fig. 2, except that the resonant peaks were not so sharp or high 
as those in Fig. 2. For example, where the floor was covered with absorp- 
tive tile, the peak deflections were reduced to about one half the de- 
flections obtained when all surfaces in the room were reflective, and the 
peaks were 3 or 4 cycles wide instead of 1 or 2 cycles. All the resonant 
frequencies that were observed when all surfaces of the room were re- 
flective also were observed when the floor was covered with absorptive 
material. However, when both the floor and one wall were covered with 
the acoustical tile, some of the adjacent peaks overlapped to the extent 
that they were not resolved. For example, there was only one observable 
peak corresponding to the two resonant frequencies of 116 and 119 
cycles, and only one peak corresponding to the two resonant frequencies 
of 137 and 140 cycles. At frequencies above 500 cycles the resonant 
peaks in the small room were so close together that they could not be 
resolved with the available apparatus. The oscillograms in Fig. 3 show 
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y the general nature of the steady state vibration at and near one of the 
S : resonant frequencies of the room, namely, at 67, 71, and 75 cycles. At 
. the resonant frequency of 71 cycles (see middle oscillogram), the re- 
t sponse is large, and the wave form is good. At frequencies only 4 cycles 
n below or 4 cycles above the resonant frequency, the response is relatively 
- small, and the wave form is so distorted that the fundamental is un- 
ll recognizable—the resulting vibration consisting primarily of some 
le higher eigentone for the room. 
n i ee ae ' ' ' . ' ' 
: WV 
yh PBB 
to / 67 cycles 71 cycles 75 cycles 
- Fic. 3. Oscillograms showing the forms of steady state vibrations at and near 
he [ the resonant frequency of 71 cycles. 
les 
he At the resonant frequency of (about) 71 cycles the mode of vibration 
for should be essentially a horizontal motion with nodes (particle velocity 
ese equal zero) at, or approximately at, the vertical walls. The detector 
ids used in these experiments was an electrodynamic microphone of the 
pressure indicating type, and consequently, for a steady state tone of 71 
(1) cycles, the oscillograph vibrator should show a maximal deflection when 
ple the microphone is located near the walls, and a minimal deflection when 
ym.- | it is midway between the walls. In Table III are recorded the deflections 
the ' of the vibrator for different distances, along the normal, from one of the 
igh walls. It will be noted that the “interference pattern” in the room, as 
rp- : revealed by these data, demonstrates clearly that the air in the room is 
de- : 
Pd 
the { TABLE III. Pressure amplitude at different distances from one wall at the 
ant ¢ resonant frequency of 71 cycles. 
aa Distance in feet from wall (along normal) Deflection on oscillograph 
tive ' 
vith =| 0.1 9.5 
; 1.0 8.0 
_ 2.0 7.0 
able 3.0 3.0 
119 4.0 0.5 
cies 5.0 3.0 
' 6.0 7.5 
rant ' 7.0 7.8 
9.0 
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vibrating in one of the fundamental modes, as should be the case for a 
frequency of about 71 cycles. 

Fig. 4 shows, in the case of all walls reflective, the nature of the decay 
of tones having frequencies of 68, 71.4 and 76 cycles. Both the steady 
state and the decay at the resonant frequency of 71.4 cycles are seen to 
be vastly different from the steady states and decays of tones only 4 
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76 cycles 
Fic. 4. Steady state and decay oscillograms in a small, reverberant room at frequencies of 68 cycles 
(upper), 71.4 (middle), and 76 cycles (lower). Each oscillogram is cut into two pieces, and 
reproduced one piece above the other, in order to show greater length and detail in the decay. 


cycles away from the resonant tone of 71.4 cycles. At resonance, the 
steady state tone is relatively pure, owing to the resonant action of the 
room, and the decay follows a smooth, logarithmic curve. At only 3.4 
cycles below or 4.6 cycles above the resonant frequency the steady state 
vibration is (as shown also in Fig. 3) very impure, and the decay is 
rather irregular. It will be noted that during the early states of decay 
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a } the damping rate is greater at 68 and 76 cycles than it is at the resonant 

frequency of 71.4. At the resonant frequency the damping rate through- 
ay | out the entire decay is 6.8 db per second, whereas at 68 cycles the rate 
dy during the first 20 db of the decay is 12.0 db per second, and at 76 cycles 
to it is 11.5 db per second. During the later stages, the rate of decay is 
i. approximately the same for the three different tones. The tones used 


for obtaining the oscillograms of Fig. 4, especially the ones at 68 and 
76 cycles where it was necessary to drive the loud speaker with rather 
excessive currents, were not pure sinusoidal vibrations, but they are as 
pure as are the low-frequency tones ordinarily produced by commercial 
loud speakers in small reverberant rooms, and often used for routine 
reverberation measurements. If the first parts of the decay curves in 
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; Fic. 5. Steady state and decay oscillograms in a small room—floor covered with absorptive tile— 


at frequencies of 78 cycles (upper), 71 cycles (middle), and 64 cycles (lower). 


: Fig. 4 should be used for calculating the times of reverberation in the 
small test room, the resulting times would be 5.0 seconds at 68 cycles, 
8.8 seconds at 71.4 cycles, and 5.2 seconds at 76 cycles. Obviously, 
measurements of this type would be unreliable for determining the 
amount of absorption in a room, using the generally accepted reverber- 
ation theory. 


wee The three oscillograms in Fig. 5 were taken with the floor covered 
boas. with absorptive tile. The frequencies of the three steady-state tones 

were 64, 71 and 78 cycles. The frequency of the decadent tone in each 
the case, especially during the latter stages of decay, is 70.5 cycles—not the 
the frequency of the tone produced in the room, but the frequency of a 
3.4 resonant tone. That is, the reverberant sound consists of the free 
tate damped vibration of the air in the room rather than a succession of re- 
y is flected rays of sound which have the frequency of the impressed vibra- 


tion. (This characteristic of reverberation also is revealed, although 
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not so clearly, in Fig. 4.) At the resonant frequency (see the middle 
oscillogram in Fig. 5), the rate of decay is nearly uniform and has an 
average value of 13.5 db per second. At the other two frequencies there 
are two rates of decay for each tone—a rapid rate during the early 
phase of the decay and a slower rate during the later phase. Thus, for 
the impressed frequency of 64 cycles, the rate of decay for the first 20 
db is about 65 db per second, and for the next 20 db it is only 13.5 db 
per second. Also, for the impressed frequency of 78 cycles, the rate of 
decay for the first 20 db is about 61 db per second, and for the next 20 
db it is only 14 db per second. It is apparent that calculations of rever- 
beration based upon these oscillograms would lead to diverse results. 
Thus, when the impressed frequency coincides with the free frequency 
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Fic. 6. Oscillograms showing decay of sound in a small room with floor and one wall covered with 
absorptive material. A band-pass filter was included in the oscillograph circuit. The impressed 
frequency is indicated on each oscillogram. (Upper. 71.2 cycles; middle, 73.6 cycles; lower, 
65.6 cycles.) 

(in this case 70.5 cycles), the time of reverberation would be calculated 
to be 4.45 seconds. But when the impressed frequency is 64 cycles, the 
time of reverberation, calculated from the rate of decay during the 
first 20 db, would be 0.92 second, and calculated from the latter part of 
the decay it would be 4.45 seconds. Also, when the impressed frequency 
is 78 cycles, the time of reverberation, calculated from the first 20 db of 
decay, would be 0.98 second; and calculated from the next 20 db of 
decay, it would be 4.28 seconds. Such data are certainly unreliable for 
determining the amount of absorption added to a room. 

The oscillograms in Fig. 6 were obtained with both the floor and one 
wall covered with absorptive tile, and with a band-pass filter inserted 
in the oscillograph circuit. Measurements of the frequency of the rever- 
berant sound show that all three of the impressed tones decay at a 
resonant frequency, in this case, of 71.2 cycles. For each of the three 
tones, the decay from beginning to end consists of the free rather than 
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the impressed frequency. The free frequency can be readily detected 
during the first two or three cycles of the decay. Further, the rates of 
decay are, at least very approximately, both uniform and constant for 
all three frequencies. The rates of decay, as measured from the oscillo- 
grams for the tones of 65.6,-71.2, and 73.3 cycles, are 15.0, 15.1, and 
15.2 db per second, respectively. All three oscillograms, therefore, would 
yield approximately the same time of reverberation for the room, 
namely 3.95 to 4.00 seconds. It appears therefore that oscillograms ob- 
tained with pure tones having frequencies coincident, or nearly coinci- 
dent, with a resonant frequency of a room, afford a rather precise means 
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Fic. 7. Steady state and decay oscillograms in a small room with floor covered with absorptive tile 
The impressed frequency is indicated on each oscillogram. 


for determining the reverberation time in a room. It should be remem- 
bered, however, that the time of reverberation thus obtained would 
apply to the free rather than the impressed frequency. 

In Fig. 7 are shown oscillograms of the steady states and decays of 
three tones having frequencies of 130, 136.4, and 143 cycles. The floor 
was covered with absorptive material. There was no filter in the oscillo- 
graph circuit. It will be noted that the wave forms in the steady states 
are approximately sinusoidal. As in the case of Figs. 4 to 6, the decay 
for a tone at a resonant frequency is much more uniform than is the 
decay for a tone only a few cycles removed from resonance. Also, as in 
the case of the earlier oscillograms, all three tones decay at a resonant 
frequency of the room, namely, 136.4 cycles, rather than at the im- 
pressed frequency. The beats shown in the upper and lower oscillograms 
indicate that the decay may consist of more than one resonant fre- 
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quency; and that this is indeed the case will be clearly revealed in the 
oscillograms in Fig. 9. Careful measurements of the frequency of decay 
in the lower and upper oscillograms of Fig. 7 reveal that even the first 
few (for example, 5) vibrations of the reverberant sound have the char- 
acteristic room frequency (136.4 cycles)* rather than the impressed fre- 
quencies (143 cycles in the case of the upper oscillogram and 130 cycles 
in the case of the lower oscillogram). The change of frequency (or pitch) 
from the impressed to the free vibration seems to occur immediately 
after the tone in the room is stopped. In the case of the tones recorded 
in Fig. 7, the change of pitch amounted to about a semitone, and could 
be detected readily by listening to the steady and reverberant tones. 
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Fic. 8. Steady state and decay oscillograms with both floor and one wall covered with absor ptive 
material. The frequencies of decay (91 or 98 cycles) indicate that even the more absorptive ma- 
terials commercially available do not prevent resonant effects. 


It will be noted also by referring to Fig. 7 that, unlike the oscillo- 
grams in Fig. 5, the rates of decay are approximately the same for all 
three frequencies. The tones generated by the loud speaker in the vicin- 
ity of 140 cycles were much purer than were those in the vicinity of 70 
cycles, and it is this difference of wave form that is responsible for the 
various rates of decay in the case of the low-frequency tones and for 
the uniform rates of decay in the case of the higher-frequency tones. 
The measured rates of decay are approximately the same for all three 
oscillograms in Fig. 7, namely, 68 db per second. 

The oscillograms in Fig. 8 were taken with both the floor and one wall 
covered with absorptive material. If these surfaces were totally absorp- 

6 The difference between this frequency and the calculated frequency (137.8, or possibly 
140.6) in Table I may be attributable to the effect of damping which would tend to decrease 
the natural frequencies of the room. In general, the observed frequencies in the room, when all 
surfaces were reflective, were about one percent higher than the calculated ones; whereas, 


when absorptive material was added to the room, the observed frequencies usually were 
slightly lower than the calculated ones, 
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tive, one should expect the resonant frequencies of the room to be limited 
to the harmonic series described in Sec. 2, and there should be no 
resonant frequency, for example, in the vicinity of 92 cycles. The oscil- 
lograms in Fig. 8 show clearly that the ordinary absorbents used for 
the acoustical treatment of rooms are not sufficiently absorptive to sup- 
press the resonant frequencies (at least the lower ones) of a room. The 
impressed frequencies for these three oscillograms were 87, 92, and 96 
cycles, but for all three tones the decays occurred at a neighboring free 
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Fic. 9. Decay oscillograms for impressed frequencies between 90 and 100 cycles. The decay 
in each case occurs at two or more resonant frequencies producing characteristic beats. 


frequency of either 91 or 98 cycles, which agree quite well with the 
theoretical frequencies of 91.7 or 99.6 cycles in Table I. The damping in 
the room has lowered the frequencies of the free vibrations (see note 6). 
(Both the room temperature, 22.5°C, and the slightly reduced dimen- 
sions of the room, owing to the 1.5 inch thickness of the absorptive ma- 
terial, would tend to increase the frequencies of the free vibrations.) It 
will be noted that the lowest oscillogram in Fig. 8, for which the im- 
pressed frequency was between two free frequencies, shows a pro- 
nounced beat frequency. 

In order to show more clearly the nature of these beat frequencies, 
a number of oscillograms were obtained for several tones having fre- 
quencies between 88 and 120 cycles. Seven of these oscillograms are 
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reproduced in Fig. 9, and a summary of the findings for the entire 
series is given in Table IV. In the oscillograms in Fig. 9, it will be noted 
that the predominant frequency of decay is either 92.8 or 99.8 cycles, 
and that the beats occur at a rate of 7.0 per second. Obviously, these 
beats result from the coexistence of the two free vibrations which differ 
exactly 7.0 cycles per second. In the fourth oscillogram of Fig. 9, i.e., 


TABLE IV. Data from oscillograms. All surfaces reflective. 











Oscillogram| Impressed prong Beat Probable 
No. frequency of decay frequency component frequencies 
223 88.7 92.8 7.0 92.8 99.8 
225 90.8 92.8 7.0 92.8 99.8 
226 92.9 92.8 7.0 92.8 99.8 
227 94.8 92.9 7.0 92.8 99.8 
228 96.7 95* 7.0 92.8 99.8 
229 98.0 99.8 7.0 92.8 99.8 
230 99.7 99.9 7.0 92.8 99.8 
231 100.8 99.8 7.0 92.8 99.8 
232 102.0 99.8 7.0 92.8 99.8 
233 103 99.8 7.0 92.8 99.8 
234 105 99.9 23.3 92.8 116 
236 108 99.8 23.4 92.8 116 
238 109 99.9 23.4 92.8 116 
239 110.5 116 23.2 92.8 116 
240 113 116.2 16.3 99.8 116 
241 116 116 16.2 99.8 116 
{16.2 99.8 116 
242 118 116.3 \ 3.3 116 119.2 
{19.3 99.8 119.2 
244 118.5 119.2 $2 116 119.2 
19.4 — 119.2 
245 120.5 119.2 3.2 116 119.2 


. 


* Between minima. Change of phase of about 180° at each minimum. 


No. 228, it will be noted that the frequency between minima is 95 cycles, 
and that there is a reversal of phase at each minimum. This is consistent 
on the basis that the two combining vibrations are about of the same 
amplitude. In all the other oscillograms described in Table IV it is 
possible to identify all the observable beat frequencies with the differ- 
ences between free frequencies which are both revealed in the oscillo- 
grams and predicted by Eq. (5). In some cases it is possible to identify 
two or more beat frequencies in the same oscillogram. Thus, for the 
upper oscillogram in Fig. 10 (No. 242) the impressed frequenqy was 118. 
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The predominant frequency of decay is 116 cycles, but there are rapid 
beats of 16.2 per second and also slower beats of 3.2 per second, indicat- 
ing that the decay is made up of at least three free vibrations, namely 
those having frequencies of 99.8, 116, and 119.2 cycles. 


TABLE V. Data from oscillograms. Floor and one wall absorptive. 























Oscillogram Impressed Frequency Beat Probable 
No. frequency of decay frequency component frequencies 
247 136 135.4 16.3 119.2 135.4 
135.4 at first 
248 128 ome osci 16.3 119.2 135.4 
{22 aos 141.3 
249 140.5 141.3 \ 6 135.4 141.3 








The oscillograms described in Table V show beat phenomena simi- 
lar to those discussed in the preceding paragraph, but at somewhat 
higher frequencies, and with the floor and one wall of the room covered 
with absorptive material. Oscillogram No. 248 is of interest, and is re- 
produced in Fig. 10 (below). The impressed frequency was 128 cycles. 


Fic. 10. Decay oscillograms for an impressed frequency of 118 cycles (above) and 128 cycles (be- 
low). Note the coexistence of two beat frequencies in the upper oscillogram. 


The decay during the first 36 oscillations has predominantly a frequency 
of 135.4 cycles. Then there is a short interval—about 16 oscillations— 
during which two component frequencies, namely 135.4 and 119.2, are 
about equally prominent. Finally, the 119.2 cycle tone becomes pre- 
dominant. Throughout the entire decay the beat frequency is 16.3, 
which is very close to 135.4-119.2. It is probable, and consistent with 
what is known concerning the dependence of damping rate on fre- 
quency, that the higher frequency component dies away the more 
rapidly of the two. Initially the 135.4 component was the stronger of 
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the two, but as it decayed more rapidly than did the 119.2 component, 
the latter eventually became the stronger one. 


4. CONCLUSIONS 


A number of significant results have been demonstrated in this pre- 
liminary investigation of room resonance, namely: 

(a) The reverberation of sound in a small room consists (at least 
primarily) of the free damped vibrations of the air in the room. This 
result is consistent with the well-known behavior of all other vibrating 
systems, and specifically confirms the theoretical conclusions of Schus- 
ter and Waetzmann’ and of Strutt.’ 

‘ (b) Existing theories of reverberation are incomplete, and may lead 
to gross errors, especially for frequencies which have wave-lengths com- 
parable with the dimensions of the room. 

(c) Pure tones are required for reverberation measurements. The 
presence of higher harmonics in a test tone will “excite” one or more of 
the free vibrations of the room, and the rate of decay will be determined 
by the damping rate for these free vibrations rather than by the damping 
rate for the fundamental frequency of the test tone. A band-pass filter 
should be used in the detector circuit. 

(d) The quality of all sounds, such as speech or music, is changed 
by the resonant properties of rooms. This change may be of a large 
magnitude in small rooms. Thus, certain low-frequency components 
which agree with natural frequencies of a room may be intensified as 
much as 20 to 25 db. 

(e) The pitch of a tone in a small, resonant room may change 
perceptibly during the decay of the tone. Changes of more than a semi- 
tone have been observed for low-pitched tones in small rooms. 

(f) The measurement of the transmission of sound through a panel 
or partition separating two rooms (the source and test rooms) may be 
affected seriouly by the resonant properties of the two rooms. Thus, if 
the test room has a free vibration at 128 cycles, and the source room has 
not, a test tone of this frequency would build up to an excessive level in 
the test room, and the measured transmission loss for the panel would 
be too low. 

(g) Appropriate corrections for the effects of room resonance should 
be applied to all acoustical instruments which are calibrated in en- 
closed spaces. 

(h) The effects of resonance in small rooms used for sound-absorp- 
tion and sound-transmission tests can be partially overcome by rotat- 
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ing suitable vanes or paddles in the rooms, In sound-transmission tests 
the vanes or paddles should be used in the fest room as well as in the 
source room. 

In conclusion, the author wishes to acknowledge the able services of 
Lewis A. and Leo P. Delsasso, who contributed to the experimental 
part of this investigation. 








WEIGHT AS A DETERMINING FACTOR IN 
SOUND TRANSMISSION 


By Paut E. SABINE 


Riverbank Laboratories, Geneva, Illinois 
’ ? 


The transmission of sound by a partition or septum reduces itself to 
the forced vibration of a plate clamped at its edges under impressed 
sinusoidal forces. The procedure in measuring the transmission is to 
measure the relative intensities of sound in a diffuse distribution on the 
two sides of the partition and from these measurements to deduce the 
transmission loss. 

Take the ideally simple case of a rigid partition of total mass m and 
surface area S separating two enclosures. Suppose that elastic and fric- 
tional restraints act at the edges only, so that motion is a true piston 
motion. Assume that a sinusoidal pressure of amplitude p and frequency 
f =w/2r is applied over one face of the partition. The equation of mo- 
tion is the familiar equation for forced vibration 


mé + rx + sx = pS sin ot. (1) 


Solving for the particular condition in which we are interested, we have 
for the amplitude of vibration in the steady state 


Ao = (pS/m) [4 22 + (wo? — w?)2] 1? (2) 


where wo = (s/m)!/? and k=r/2m. This may be written, 


ps Ww? 2 —1/2 
Ay = — E + (“- _ 1) a], (3) 
mw w? 


For the space on the opposite side then, the partition acts as a sound 
source of amplitude A» given by Eq. (3). The power E; of this source is 
proportional to w?A? so that we may write for the intensity on the 
further side of the partition 


4E 4heA 97: w? Ahop?S? ut 2 ay 


aoc doc dacm? w? 





where /z is a simple factor of proportionality, and a2 is the total absorb- 

ing power. Let the acoustic power of the source be Fi, then the steady 

state intensity on the source side of the partition is given by the equa- 
tion 

4F, 4h p? - 

I, =——_— = (5) 
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where /, is a second constant of proportionality, and a, is the total ab- 


sorbing power on the source side of the partition. 
Dividing (5) by (4), we have 


I, = 4h p?ascm? ial . 
Ts 4hop*S*ayc w? 


If all acoustic conditions in the two spaces are kept constant, we may 


write 
qT; m 2 wo” 2 
=H ) E + (*- _ 1) | (7) 
T; a w? 


I; m ons? 2 
log — = 2 log — + log H + log E + (“ = 1)a*]. (8) 
Ts § GW 


and 


2 


Eq. (8) indicates that for the ideal case considered, the logarithm of 
the reduction for a fixed value of the driving frequency is a linear func- 
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tion of the mass per unit area of the partition, provided that the change 
in mass produces a negligibly small change in the expression 


we? 2 
[ae + (“= 1) |, 
wt 


This latter condition is approximately satisfied if wo?/w? is much less 
than unity, that is if the natural frequency of the partition is much 
lower than the driving frequency, and if 4k”, the damping term, is small 
in comparison with the square of the driving frequency. Further, it 
appears that under these assumed conditions, the reduction for a given 
partition will vary as the square of the driving frequency. It follows 
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therefore that if mass is the only variable in a series of partitions, the 
logarithm of the reductions plotted as a function of the logarithm of 
the driving frequencies will be a series of parallel straight lines witha 
constant slope 2.0. Further, if the average ordinate of these lines be 
plotted against the logarithm of the mass per unit area, the points so 
obtained will lie upon a straight line with a slope of 2. 

The fact of the predominating part played by the weight per unit 
area in the reduction of sound by walls of masonry materials was first 
pointed out by the writer in 1923. Since that time work in other labora- 
tories has led to the same general conclusions. In Fig. 1, the results of 
some of this work are summarized. 

The line shown for the Bureau of Standards measurements represents 
only a part of the work done there. Descriptions of the walls tested by 
Meyer at the Henrich Hertz Institute are given in Table I.' The 


TABLE I. Meyer’s data on vibration of walls. 








Thick- | Weight Nat. freq. Damping 

















Kind of wall ness |(Ib./sq. || (dbs/_ | Elas-mod.| TL. 
(in.) ft.) Calc. | Meas. sec.) (kb/cm’) | dbs 
Wood plate 0.2 0.45 7.8 7.0 9.5 110,000 | 18.5 
Sheet iron, stiffened in 
middle 0.08 3.2 10.5 12.0 5.4 /|1,860,000 | 34.0 
Rabitz wand 1.0 6.3 16.0 17.0 11.1 42,000 | 33.0 
Pressed straw, plastered gue 13.9 24.0 30.0 41.0 4,300 | 38.0 
Schwemmsteinwand, 
plastered 4.75 | 25.0 32.0 38.0 54.0 5,600 | 39.0 
Pumice concrete 4.3 26.7 31.0 28 .0 16.0 8,100 | 41.0 
Brick wall, plastered 5 31.2 27.5 29.0 87.0 13,000 | 42.0 
Brick wall, plastered 6.0 46.5 45.0 48.0 69.0 12,000 | 43.0 
Brick wall, plastered 10.5 93.0 75.0 51.0 48 .0 11,000 | 49.0 





straight line showing the Riverbank results, gives the average value of 
the reduction for the frequency range from 128 to 4096 vibrations in 
walls of ordinary masonry, i.e., plaster, clay and gypsum tile, and brick. 
The slopes of the various lines are as follows: 


Laboratory Materials Slope 
Bureau of Standards (Paper, fabric, sheet aluminum, light 
fiber boards) 1.20 
Henrich Hertz Institute (Wood, steel, fiber board, pumice, 
concrete, and brick) 1.30 


1 E. Meyer, Fundamental Measurements on Sound Insulation by Simple Partition Walls, 
Sitzungsber, der Preus. Akad. der Wis. Phys.-Math. Klasse 32, 1931, 
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Riverbank Laboratories (Masonry) | 3.05 
Riverbank Laboratories (Doors of wood, wood and steel, 
wood and lead) 2:35 


The data for the doors tested in this laboratory have not hitherto 
been published. They are as given in Table II. The results of tests on 
the doors are plotted to an ‘enlarged scale in Fig. 2. There we note that 
the reduction is very approximately a linear function of the logarithm 
of the weight per unit area, and that the slope of the straight line is 2.15. 
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A comparison of the reduction-frequency curves for two of the doors 
is instructive. In Fig. 3 are shown the reductions as a function of fre- 
quency for two of the doors tested. No. 1 is an all wood door, 2-7/8’ 
thick, weighing 7.0 pounds per square foot, while No. 2 is the heaviest 


























TABLE IT. 
Thick 
Material Gn ) Wt./area Log (wt./area) | Ave. reduc. 
Wood 2.6 6.85 0.836 30.2 
Wood 2.8 7.00 0.845 30.7 
Wood 3.0 7.65 0.884 31.5 
Wood, steel sheathed 3.0 9.60 0.984 33.0 
Wood, steel sheets 3.0 11.60 1.065 35.6 
Wood, lead sheets enclosed 3.0 15.30 1.185 37.3 








door tested having an inner lining of lead and weighing 15.3 pounds per 
square foot. We note that while the general course of the two curves is 
similar, yet No. 2 shows much less tone to tone variation, indicating a 
certain amount of damping of the partial vibrations, due to the lead. We 
further note that there is no general increase in the reduction with in- 
creasing frequency up to 1024 vibs./sec. This indicates that in this range 
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resonance plays a considerable part in determining transmission. Tests 
showed that while the fundamental natural frequency of these doors is 
well below the test frequency range, namely, between 50 and 60 vibs. 
sec., yet higher natural frequencies due to segmental vibrations are 
present, and play an important part in determining the transmission of 
sound. A comparison with the frequency-reduction curves for masonry 
is instructive.” There the increase of reduction with increasing frequency 
is much more marked, particularly for the thicker walls, indicating that 
segmental vibrations have less effect on the transmission than is the case 
with doors. 

In general, existing data support the view that the transmission of 
sound by impervious single partitions is a case of forced vibrations. This 
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view accounts for the preponderant role which mass plays in the sound 
insulating properties of such partitions. It appears however, that there 
is no single simple relation between mass and sound reduction that will 
hold for all constructions regardless of their stiffness and internal damp- 
ing. For this reason any numerical relation between mass and sound re- 
duction which is found to hold experimentally for a number of partitions 
should be considered as purely empirical and cannot a priori be as- 
sumed to hold for partitions with widely differing mechanical properties. 
In the case of the Riverbank findings on continuous masonry, variations 
in weight were accompanied by variations in thickness, rigidity and 
internal damping. The linear relation found between the weight and 
sound reduction simply shows the overall variation in sound reduction 
due to changes in all the variables, expressed as a function of weight 
only. The relation will not necessarily hold in cases in which there is a 
decided departure in mechanical properties from those of masonry walls. 
Thus for example, walls of cinder concrete, and slag tile, showed con- 
siderably greater reductions than do clay tile and plaster walls of equal 
weight. 
2 P. E. Sabine, Jour. Acoust. Soc. Amer. 1, No. 2, 186 (1930). 
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In the door tests, on the other hand, the variation was almost wholly 
one of weight. The metal sheets were incorporated in the door con- 
struction in such a way as not to stiffen them to any great extent, while 
the thickness was nearly the same throughout the series. In this case, 
we find the relation between mass and sound reduction to agree more 
nearly with that predicted for the idealized case of true piston move- 
ment of a rigid partition. 

The tests on the doors provided an opportunity for measuring the 
effect of the threshold crack upon the sound insulation of a door. The 
doors were provided with automatic devices, whereby the crack at the 
threshold was sealed by a felt strip when the door was closed. The 
threshold clearance when this plunger was not forced down was 0.5 
inches. Measurements with this crack opened and sealed, showed that 
an opening of this size reduced the transmission loss from 33 db to 26.6 
db. If we compute the transmission loss of the door with the crack, as- 
suming that the transmittivity of the latter is unity, the value so ob- 
tained is 22 db. 

We can compute the transmittivity of the crack from the measured 
values of the transmission losses with the crack opened and sealed with 
felt. The computed value is 0.29 instead of unity. These measurements 
show the very marked effect which small openings may have in de- 
creasing the sound insulation of doors. 





ACOUSTICS OF BROADCASTING AND RECORDING STUDIOS* 


By G. T. STANTON AND F. C. ScHMID 
Electrical Research Products, Inc., New York, N. Y. 


Experience indicates that a practical broadcasting studio may be 
designed without violation of the established fundamentals underlying 
ideal acoustic requirements. It is appreciated that some compromise 
with ideal requirements may be necessary in actual design to meet the 
practical conditions imposed. Where such compromises are demanded, 
they may be made with the minimum overall loss in quality when the 
quantitative amount of loss is established with respect to the degree of 
departure of each factor from the ideal. Some of the data shown apply 
to other fields and have been previously published. The necessity for 
correlating these data with other factors affecting acoustic design of 
studios is believed to justify this inclusion. 

The function of the studio in a broadcasting station is to provide a 
place for originating music, speech and occasional audible dramatic 
effects which are to be reproduced in homes. This is sometimes expressed 
as taking the entertainment into the home. Others express it as trans- 
porting the listener to the studio. Which of these two psychological re- 
sults is accomplished depends upon the type of program and the mood 
of the listener. It appears entirely logical to transmit the entertainment 
into the home where the type of program is such as conceivably to 
originate within the home. On the other hand, with types of entertain- 
ment such as drama in which audible effects are purposely produced 
to create in the imagination a background for the action and also for 
programs employing large symphonic type orchestras, it appears quite 
obvious that the listener must be transported to the point of origin. In 
either event, however, the studio should be such as to simulate when the 
sound is reproduced, the condition expected to surround the type of 
entertainment rendered. 

While the basic purpose of broadcasting is commercial, it succeeds 
commercially only through capitalizing entertainment value. One effect 
of good technical quality is popularly characterized as producing a pro- 
gram “easy to listen to” ; certainly a desirable commercial factor. In most 
of the following discussion the requirements for music are discussed in 
detail. In the past, most quantitative discussions of sound transmission 
and acoustic effects have been in terms of speech, since articulation or 


* Presented at Meeting of Acoustical Society of America, New York City, May 2 and 3, 
1932. 
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intelligibility measurements permitted numerical evaluation. As we are 
here dealing with transmission of sound largely for entertainment, our 
concern is more directly with quality. Judgments of musical quality, 
while not absolute, are more usual than judgments of the quality of 
speech. 

It is almost axiomatic that the acoustics of a room are a definite part 
of the music. It has been shown that a preponderance of the intensity 
affecting the ear consists of energy reflected from the various surfaces 
rather than energy directly transmitted from the instruments.! That our 
emotional reactions to music are influenced by the acoustics of the hall 
is demonstrated by the influence on the music of the great composers, 
who wrote for presentation in specific halls. Many celebrated musical 
conductors give careful consideration to the acoustics of a particular 
hall in the selection of music for their concerts. The need for sound re- 
flecting surfaces in the vicinity of an orchestra is so well known as to 
require no special comment. This need is, however, merely an expression 
of the fact that the support given to the music by these reflections is 
necessary for proper creation and enjoyment. 

It has been frequently pointed out that wheresound is to bereproduced 
consideration must be given to the fact that reverberation is present 
to some degree both at the source and at the point of reproduction.” * 
Contrary to a common opinion held in the earlier days of reproduction, 
it has been found in all recent experience using improved pick-up and 
reproducing equipment, that the effect of combining the reverberation 
of two rooms is not additive and consequently the reduction of rever- 
beration at the source is not required.*® In practice, it has been deter- 
mined that the most natural and pleasing conditions obtain where the 
apparent reverberation to the listener is largely that of the source room, 
sufficient liveness being present in the receiving room to blend naturally 
and heighten the imaginative impression of being present at the source.® 
Insufficient reverberation in the source room causes the reproduction 
in a room of moderate or greater liveness to sound cramped and as if 


1 W. J. Albersheim and J. P. Maxfield, An Acoustic Constant of Enclosed Spaces Correlatable 
with Their Apparent Liveness, Acoustical Society of America, May, 1932. 
2 Edward W. Kellogg, Jour. Acoust. Soc. Amer. 2, 157 (1930). 


3S. K. Wolf, Technical Digest of the Academy of Motion Picture Arts and Sciences, 
November, 1929. 


4 C. F. Eyring, Jour. Acoust. Soc. Amer. 3, 181 (1931). 


5 A. P. Hill, Combining Reverberation Time in Electrically Coupled Rooms, Acoustical So- 
ciety of America, December, 1930. 


6 J. P. Maxfield, Jour. Acoust. Soc. Amer. 3, 69 (1931). 
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issuing from a small point rather than an extension of the listening 
room. While undoubtedly the ultimate in ideal acoustics for the pro- 
duction of entertainment designed for reproduction will be ideal for 
direct listening, consideration must still be given to the apparent added 
liveness of monaural pick-up. One explanation of this apparent added 
liveness is the existence of an interference pattern which is reduced in 
effectiveness by the cancelling effect of two ears.’ In the present state 
of the art, the most feasible means of compensating for the added live- 
ness of monaural pick-up is the creation of an acoustically dead zone in 
which to locate the microphone. Fortunately, this coincides with ac- 






















NG. of MUSICIANS 


10 
Vouume ~ Co Fe. 


Fic. 1. A, auditorium practice; B, optimum; C, broadcast; D, commercial limit. 


cepted theories of the best arrangement for listening to music; namely, 
live surroundings for the musicians and relatively dead surroundings 
for the listener.® 

Summarizing the above factors, we find that the studio must simu- 
late conditions expected to surround the entertainment produced, must 
have an amount of reverberation suitable to simulate these conditions 
and to permit proper creation of music, and must contain a zone suffi- 
ciently dead to compensate for the added liveness of monaural pick-up. 
The accomplishment of these requirements is related to studio design 
by a determination of the size, shape, reverberation, and distribution 
of absorbing materials. 

Ideally, the size of a studio should be determined by the character of 
program which will customarily be produced. For music there is a rela- 


7 R. L. Hanson, Liveness of Rooms, read before Acoustical Society of America, Cleveland 
1931. 


8 F. R. Watson, Jour. Acoust. Soc. Amer. 2, 103 (1930). 





ely, 
ngs 


mu- 
lust 
ions 
uffi- 
-up. 
sign 
tion 


er of 
rela- 


eland 





1932] G. T. STANTON AND F. C. Scum1p 47 


tionship between the number of musicians and the size of the enclosure 
which, within limits, should be adhered to for best results. In Fig. 1 the 
curve labeled “auditorium practice” illustrates this relationship.’ The 
agreement for the cases shown, which represent certain famous con- 
cert halls and the size of their home orchestras, defines quite accurately 
one limit of completely acceptable quality. In these cases the economics 
of the situation demanded the smallest-size of orchestra consistent with 
the size of hall. 

The existence of an optimum relation unaffected by commercial con- 
sideration is indicated and its probable value, based upon experience, 
shown in this same figure. Some quantitative data are available on this 
subject in which the judgments of results obtained are relatable to the 
causes. Of the cases indicated, in No. 1 and No. 3 the halls were believed 
to be slightly too large; cases No. 2 and No. 4 slightly too small. The 
authors are indebted to Mr. J. P. Maxfield for these data. The curve 
entitled “present broadcast practice” represents a limit in which the 
economic factor is entirely reversed from that in auditorium practice 
inasmuch as it is desired to utilize the smallest possible studios for a 
given orchestra, consistent with acceptable results." A tentative de- 
sirable limit, weighting the practical and economic factors against loss 
of quality is indicated. 

Why a certain size of room is demanded consistent with a certain type 
of music is perhaps best explained by quoting Dr. Stokowski who, in 
response to a question stated: “Art is a habit of mind.” Since we have 
usually heard orchestras in halls bearing a certain relationship in size to 
that of the orchestra, there is a satisfaction of an emotional desire when 
this effect is reproduced. The kind of reverberation; that is, the mode 
of dying away and relative rapidity of pulsations of a large room is 
successfully simulated at the present time only in rooms of reasonably 
commensurate size. A somewhat more definite answer is to think of this 
relationship is what is termed “space effect,” which may represent audi- 
ble perspective to the ear as “depth” in a picture represents perspective 
to the eye. Thus, direct sound from the source reaches the ear sur- 
rounded by general reflections or reverberation of a character influenced 
by the nature of the surrounding room. Lack of this effect largely de- 
stroys the apparent ability to visualize an orchestra, the component 
parts of which are separated in space and thus the size of the orchestra 


® Paul R. Heyl, Circular of the U. S. Bureau of Standards No. 395, December 7, 1931. 
10 F. R. Watson, Acoustics of Auditoriums, John Wiley & Sons, Inc. 
4 Q. B. Hanson, Proceedings of the Institute of Radio Engineers, January 1931. 





48 JOURNAL OF THE ACOUSTICAL SOCIETY [July, 


is materially underestimated since only individual parts of the music 
may be heard with diminished sense of a number of instruments playing 
each part. This effect may be destroyed by lack of sufficient reverbera- 
tion, by improper frequency characteristic, by the wrong mode of decay 
and even in proper surroundings by improper pick-up. If the pick-up is 
flawless, the tone mixture from several instruments playing the same 
note may convey a partial impression of the number of instruments. 

As the number of instruments tends to exceed the expressed limiting 
numbers for a given size of studio, the impression of added orchestral 
size is not proportional. Where the number of instruments is less than 
the specified limit for the studio, it is possible with proper pick-up to 
given the effect of numbers in excess of those actually employed. This 
fact is best illustrated by recent experience in a studio, the size of which 
established a limit of seventeen instruments, in accordance with Fig. 1. 
A relatively large number of casual observers, including commercial 
clients, studio personnel, executives of other broadcasting companies 
and disinterested musicians, were asked to judge the apparent size of 
musical groups playing in this studio. The results are indicated in 
Table I. When listening to small orchestras the musicians, due to good 











TABLE I, 
Number of instruments Judgment of observers 
9 15-17 
11 15-20 
20-25 
40 25-30 





definition, were able accurately to determine the numbers in each case 
by naming the specific instruments heard. In considering the economics 
of building a large studio, consideration should be given to this factor. 

In the practical design of a studio, the application of the ideal size for 
some anticipated size of orchestra must be given considerable weighting 
in accordance with economics and anticipated use of the studio. Where 
circumstances permit the setting aside of a studio for broadcasting 
relatively large orchestras, it is, of course, most desirable to use the 
ideal size for the anticipated average orchestra. As a practical matter, 
the sizes of orchestras will, of course, fluctuate through relatively wide 
limits. Fortunately, as in most judgments of quality, considerable lati- 
tude is permitted in the magnitude of the factors creating this quality. 
Individual preference has a considerable bearing on the selection of the 
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best. It seems wisest, therefore, to assume satisfactory quality within 
wide limits, although present broadcasting practice diverges to an ex- 
tent such as to show noticeable effects of insufficient studio size. Since 
the best impression is gained in ideal studios, and the loss in quality 
is proportional to the degree of departure from the ideal, the use of 
studios closely approaching the best, and within the limit defined in 
Fig. 1, for all usual cases appears economically justified. The factors 
which usually determine the sizes of studios are the total space available 
and the number of studios required by extent of program origination. 
A table indicating the probable numbers of different types of programs 
and the number of performers anticipated for such programs is of value 
in determining the best distribution of space between the studios. In 
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other words, rather than to provide a number of equal sized studios, the 
extent to which small and medium sized studios may be utilized to per- 
mit the enlargement of one or two for accommodating the larger sized 
organizations is best determined when such a table is weighted by the 
probable loss in quality due to overcrowding. It should be borne in mind 
that the commercial value of programs to be produced will ultimately 
be affected by quality of entertainment. 

The shape of a studio is important in obtaining best results. Refer- 
ences to ideal shapes have been made with such frequency as to pre- 
clude references to many sources. For sake of completeness, however, 
Fig. 2 shows certain ratios of length, width and height with respect to 
volume which have been found in the authors’ experience to yield most 
desirable results. Increases in length beyond these ratios complicate the 
arrangement of performers and the securing of a satisfactory pick-up. 
Widths in excess of these ratios may somewhat complicate pick-up and 
generally result in a reduced space effect of the room. The heights shown 
with respect to length and width represent reasonable minimums for 
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each condition, since as a practical matter it is desirable to reduce the 
required height. Certain unusual shapes of studios have been proposed 
in which directional effects of inclined or curved walls are employed or 
in which irregular wall surfaces are used. The desirability of the former 
appears questionable except for very unusual conditions. The desira- 
bility of the latter is unquestioned. Some information on the effect of 
irregular walls upon the results and thus upon values of other factors 
used in acoustic design is available.” The effect of such surfaces has been 
investigated and the practice established for sound studios by the work 
of C. F. Eyring, R. L. Hanson and W. A. MacNair. The securing of ad- 
ditional information is anticipated for future work. 
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With the size and shape of the studio fixed, the degree and kind of 
reverberation is the next consideration. Optimum values for direct 
listening to music and to some extent to speech have been reported by 
many investigators and as early as 1926 it was pointed out that some- 
what shorter times of reverberation were required for monaural pick- 
up.’® For a considerable period prior to this time, these values were 
employed in studios of Station WEAF. Later experience set a region 
of optimum reverberation time for monaural listening.’ These data 
are reproduced herewith as Fig. 3. These values were determined 
under conditions approximating those most desirable; that is, relatively 
live surfaces surrounding the music with the microphone located in a 


#2 R.L. Hanson, Acoustics of Motion Picture Sets, read before Acoustical Society of America, 
Cleveland, 1931. 

18 Maxfield and Harrison, Bell System Tech. Jour., July, 1926. 

4 J. P. Maxfield, Jour. S.M.P.E., Vol. XIV, No. 1, 1930. 
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relatively dead region. Experience in broadcast studios indicates com- 
plete accord with these values where this distribution of absorption ob- 
tains. All of these values refer to time of reverberation in seconds at 
512 cycles. 

It is of equal if not greater importance that the relative amounts of 
reverberation for the different frequencies be properly balanced. If this 
reverberation be such that sounds of equal loudness at the different fre- 
quencies decay to the threshold in equal times,'* a condition satisfying 
a theoretical requirement for ideal balance is reached and at the same 
time one which well agrees with the conditions found to obtain in all of 
the best auditoriums which have been studied. 

The use of this relationship of reverberation to frequency predicates 
a proper balance between the various instruments of which the orches- 
tra is composed. In a determination of the frequency characteristic to 
be used in any given studio, the probability of using orchestras having a 
greater than normal proportion of bass instruments should be given 
consideration. This tendency exists in broadcasting practice partly 
through the fact that a reduction in number of musicians in the orches- 
tra cannot always be made proportional between a large number of 
treble instruments, such as violins, and a small number of bass instru- 
ments, such as the double-bass. In small studios, consideration must also 
be given to the phenomenon of air resonance or so-called overloading. 
In the small studio, the frequencies of maximum resonant response are 
in the register of the bass instruments. It is not improbable and some 
experience seems to indicate that in addition to the actual prolongation 
of reverberation time at these resonant frequencies that there is suff- 
cient reaction at the source to cause an increased energy radiation at this 
frequency. In determining the absorption characteristic of materials to 
be employed in a small studio, careful consideration should be given to 
compensating so far as practicable for the resonance effect. Also, a 
tendency to over-bass may make desirable a further reduction in the 
actual reverberation time than would be indicated for ideally balanced 
orchestras. It is, of course, assumed that the construction of the floors, 
walls, and ceilings is such as to avoid sharp resonance in these struc- 
tures. 

With the amount of absorption at the various frequencies predeter- 
mined by the selected reverberation time and characteristic, it is neces- 
sary to consider the distribution to be made of the absorption. The 
shape and absolute magnitude of the studio together with the neces- 


18 W. A. MacNair, Jour. Acoust. Soc. Amer. 1, 243 (1930). Part 1. 
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sity for correct liveness for the production of music and the minimum 
interference at the point of pick-up, will determine this distribution. 
Allowance should be made for the acoustic absorption presented by the 
musicians or performers in the location which they occupy. The re- 
mainder of the absorption is customarily located upon walls, ceilings and 
to some extent on the floors. Insufficient data exist to permit stating 
general empirical formulae covering all cases. There are obvious limita- 
tions to the degree of absorption which may be practically obtained, 
which limitations are further restricted by the necessity for maintain- 
ing a predetermined frequency absorption characteristic. The physical 
extent of the so-called dead region surrounding the microphone must 


2.0 


$5 FT. 
o 


iC 


MODERATE ABSORPTION 


.- REVERB. Time - SECS 


2 





1000 
, FREQUENCY -C.P.S. 





Fic. 4. Fic. 4a. 


be such as to smooth out sufficiently the interference pattern, consider- 
ing the degree of over-all liveness obtaining within the studio. Obvi- 
ously, the absorbing areas must be of sufficient size to accommodate the 
requisite amount of absorption to give the desired reverberation period. 
The extent of the dead region in proportion to the length of the studio 
is controlled both by the shape and by the absolute dimensions. The 
shape influences the ratio of included angle at the microphone from 
which first reflections of the source or sources may arrive, to the total 
useful angle of the particular microphone. The apparent brilliance 
of the music appears to be substantially influenced by this factor, room 
tone being more dependent upon the actual time required for the sound 
to die away and the degree of fluctuation immediately surrounding the 
microphone. The absolute dimensions also control in that special re- 
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quirements may be introduced in smaller studios to compensate for air 
resonance. The deviation in proportional extent of the dead zone to 
accommodate best the several requirements is best shown in certain 
typical examples which follow. 

The desired absorption coefficient is best determined after the location 
of treatment is decided. With the areas to be made absorbent and the 
total amounts of absorption known, the necessary coefficient for each 
frequency is determined. The departure from the exact areas con- 
sidered desirable for treatment is determined by the degree of agree- 
ment obtainable in the coefficients of a suitable material to the ideal 
coefficient. The departure of the actual from the desired coefficients will 
require further rebalance between desired reverberation time and de- 
sired areas to be treated. 
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Fig. 4 indicates the application of the above principles to a relatively 
large studio having approximately ideal ratios of length, width and 
height. Good quality broadcasting would be obtained without exceeding 
the suggested limit of size-to-artist-ratio up to about forty pieces. It is 
noted that a relatively wide angle of reflections contributing brilliance 
is obtained. Fig. 4a shows the reverberation time characteristic of this 
studio. 

Fig. 5 indicates the arrangement of treatment in a moderately sized 
studio in which the ratio of width to length is too great. The ceiling 
height is about 15 feet, which is too low for ideal conditions. Some com- 
pensation for this has been made in the arrangement of absorption with 
the result as indicated. This studio accommodates orchestras up to 
twenty-five pieces without exceeding commercial limit for loss of qual- 
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ity. Fig. 5a shows the reverberation frequency characteristic of this 
studio. 

In Fig. 6 is shown an extraordinary arrangement of absorbing ma- 
terial in a small studio having an artist capacity of seven instruments. 
The possibility of air resonance indicated the avoidance of parallel 
reflecting surfaces and the arrangement shown also permits wide re- 
flecting angle at the microphone while maintaining an adequate dead 
zone surrounding the microphone. Convenience of pick-up and arrange- 
ment of performers in this instance also dictated the arrangement. In 
Fig. 6a is shown the reverberation frequency characteristic of this 


CEILING 


TREATMENT 


ACVERS. Tak ~- SECS. 


TREATMENT 








Fic. 6. Fic. 6a. 


studio, together with the characteristic which previously existed prior 
to the recent changes. Not only is the quality of the broadcast result 
radically improved by the improvement in reverberation characteristic 
but the apparent size of room and brilliance of music is considerably 
enhanced. 

Fig. 7 illustrates the location of absorption in accordance with the 
general principles outlined in this paper as compared to location of ab- 
sorption previously installed which coincided with a usual broadcast- 
ing practice. In this instance, as shown in Fig. 7a, the reverberation 
characteristic was substantially unchanged. In its previous condition 
with the distributed absorption this studio was never considered satis- 
factory. After treatment as indicated unusually good quality of broad- 
casting has been obtained, due to the pick-up technique employed 
coordinated with the indicated method of treatment. While the rated 
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artist capacity of this studio is seventeen instruments, considerably 
larger numbers have been employed with less than the usual loss in 
quality. 

In the statement of principles throughout this paper and where 
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quantitative data are given it is anticipated that a proper technique 
of picking up the program will be employed. The design of the studio 
is in part predicated upon the use of modern microphone technique. 
While the experience of the authors has been largely in the design of 
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studios in which the technique has been coordinated with the acoustic 
design, it has been demonstrated that the fundamentals outlined will 
provide the proper studios regardless of the pick-up technique em- 
ployed. It has been determined that the best results are obtained when 
both are properly coordinated, 








ESTIMATING ROOM ERRORS IN LOUD 
SPEAKER TESTS 


By Epwarp W. KELLGGG 
RCA Victor Company 


If we listen in an ordinary living room to a person speaking from 
across the room, all of the sound seems to come directly from the 
speaker. If we calculate for such a living room the relative intensities 
of direct and reflected or reverberant sound, the result seems in- 
credible. For example, at 15 feet from a non-directive sound source 
radiating E ergs per second, the direct sound produces an energy density 
of 0.316 E/10° ergs per cubic foot. If the room is 10’ 15’ X25’, with an 
average absorption coefficient of 0.20 or a reverberation period of 0.6 
second, reflected and reverberant sound amounts to 11.5 E/10° ergs per 
cubic foot, or thirty six times that of the direct sound at 15 feet. 

Evidently, the human hearing system has an extraordinary capacity 
to discount all but the initial sounds. But the echoed sounds, although 
seemingly ignored, contribute to the impression of volume, and convey 
to the listener some information in regard to the surroundings. For 
example, the listener can tell instantly whether he is out of doors or in 
an enclosure, and something about the character of the prevailing 
materials. 

If a microphone is placed across the room from the speaker and the 
listener is at the other end of an electrical channel, thereby being de- 
prived of all ability to discriminate as to direction, the reverberation 
seems to be enormously increased, and it is no longer difficult to be- 
lieve the calculations. Stopping one ear while in the room works in the 
same direction, but only partially robs one of the directive sense, and 
therefore is not a complete substitute for the microphone test. 

Since to a person endowed with normal hearing, the direct and re- 
flected sounds are not simply added, but each serves to convey its own 
impression, it is clear that no single curve of loud speaker output can 
show how the loud speaker will sound in a given room. Two curves, one 
of total radiation, and one of sound pressures directly in front of the 
loud speaker, would probably tell the important characteristics of the 
speaker as well as they can be shown in any reasonably simple manner. 
Of these, the curve of the sound pressure in front of the speaker is the 
more important, and has been largely used for studying the effects of 
design changes and comparing speakers of similar type. 
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In order to measure the direct sound, it is obvious that reflections 
must not reach the microphone in appreciable magnitude. This condi- 
tion is hard to meet, especially if the measurements must be made in- 
doors as is usually the case. The characteristics of our ears which dis- 
count echoes, make it very easy to be misled into thinking that they are 
negligible when they are not. In planning any testing arrangement, 
therefore, it would seem desirable to’ calculate the ratio of reflected to 
direct sound. Such a calculation is very simple and will help to show 
what arrangement will give best results, and also show how large the 
errors due to reflections are likely to be. 

In estimating the magnitude of the reflected sound, it is well to con- 
sider it as made up of two parts: (1) first reflections, and (2) sound 
which has undergone two or more reflections. The latter will be fairly 
well diffused throughout the room and may be calculated from the usual 
formula for energy density in an enclosure J’ =4E’/czSa, in which E’ 
is the rate at which energy is supplied, c the velocity of sound, and 
Sa is the total number of absorption units in the room. The first re- 
flections, on the other hand, cannot be regarded as necessarily diffused, 
and may more safely be calculated individually, considering that each 
reflecting surface gives rise to an image source of strength equal to that 
of the original source diminished by the absorption at the surface in 
question. A further reason for calculating these two components of the 
sound separately, is that the strength of the first reflections is most 
readily controlled by maintaining adequate distances to the reflecting 
surfaces, while the sound which has undergone several reflections is more 
amenable to control by the use of sound absorbing materials. Another 
difference is that some methods of averaging out interference patterns 
such as “warbling” or changing frequency rapidly, operate more satis- 
factorily on the multiply reflected sound than on the first reflections, 
and therefore if such an averaging system is to be employed, it is some- 
what more important to keep the first reflections at a low value than the 
part which has travelled greater distances. (This does not apply if the 
moving microphone system of averaging is used). 

As an illustration, consider the case of a non-directive source radiating 
E ergs per second, situated three feet above the floor and nine feet 
from one end of a testing room, 8 feet high, 14 feet wide and 21 feet 
long, the walls and ceiling of which are covered with material having an 
absorption coefficient a =0.5 while the floor has an absorption coefficient 
of 0.05. The microphone is four feet from the loud speaker. Fig. 1 shows 
the positions of several of the image sources. The energy density at the 
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microphone from the direct sound is E/4mc(4)?=0.005 E/c ergs per 
cubic foot, and that from the image sources would be as follows: 


Percent of 

direct sound 

Floor 0.95E/41c(6? +4?) =0.00146E/c 29.2 

Ceiling 0.5E/4rc(102+42) =0.000345E/c 6.9 

End wall (loud speaker end) 0.5E£/42c(22)? =0.000082E/c 1.6 
End wall (microphone end) 0.5E£/4mc(20)? =0.0001 E/c 2 

Side walls each 0.5E/4mc(14?+4") =0.000188E/c {3.8 

\3.8 

Total first reflections 0.00231E/c 46.2 


For calculating 7’, the energy density resulting from sound which has 
undergone two or more reflections, we shall use an average absorption 
coefficient a’. This is an approximation involving the assumption that 





Fic. 1. Source of sound E and images of the source produced by reflections. 


all areas take part equally in the reflections, but an exact calculation 
would be complicated and is not necessary. In the case of the first reflec- 
tion, energy reaches the boundaries of the room at the rate of E ergs per 
second. Of this a’E ergs per second are absorbed, and (1—a’) E crosses 
the room for the second reflection at which the energy is again reduced 
in the ratio (1—a’), leaving (1—a’)E as the rate at which energy is 
supplied to maintain the energy density J’. 
The absorption in the room is as follows: 


Area, S Coefficient, a Sa 


Walls and ceiling 854 0.5 427 
Floor 294 0.05 15 
Total 1148 Sq. Ft. 442 Absorption 


units 


Average absorption coefficient a’ =442/1148 =0.385 by using these 
values, EZ’ = E(1 —0.385)? = E(0.615)? =0.380£ and 
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4X 0.380E : 
is = 0.00345E/c 


which is 69 percent of the direct sound energy density at the micro- 
phone. 

The calculations indicate that in spite of a sound absorption treat- 
ment which compares favorably with most testing room installations, 
there is still a very excessive sound energy at the microphone due to re- 
flections. Several measures for improvement will be considered. Since 
the floor reflects more than the ceiling, a slight gain would be secured by 
placing the loud speaker and microphone farther from the floor. A major 
improvement would be made by employing sound absorbent on the 
floor, and a further improvement would result from use of a higher 
ceiling. The comparison is given in Table I, in which column No. 1 is 
the original case. Column No. 2 is for the same conditions except that 
the loud speaker and microphone have been raised to 5 feet from the 














TABLE I. 
Condition 1 2 3 4 5 

Height of ceiling 8’ 8’ 8’ 10’ 10’ 
Height of loud speaker and microphone 

above floor # iy 4’ 5’ Ly 
Atsorption coefficient 

walls and ceiling 0.50 0.50 0.50 0.50 0.486 

floor 0.05 0.05 0.50 0.50 0.50 

average 0.385 0.385 0.50 0.50 0.49 
Total absorption (square foot units) 442 442 574 O44 630 
Distance, loud speaker to microphone 4’ 4’ 4’ 4’ 4’ 
Reflected sound in percent of direct sound 

from floor 29.2 13.1 10 6.9 6.9 

from ceiling 6.9 15.4 10 6.9 6.9 

sum of floor and ceiling 35 28.5 20 13.8 13.8 

walls 11.2 11.2 11.2 11.2 4.9 

sum of all first reflections 46.2 39.7 3.2 25.0 18.7 

multiply reflected sound 69 69 35 31 18 


all reflected sound 1115.2 108.7 66.2 56 36.7 





floor. Column No. 3 shows the effect of applying absorbing material to 
the floor, the loud speaker and microphone being then placed midway 
between floor and ceiling. Column No. 4 shows the benefit from using a 
room with ten foot ceiling height instead of eight feet. Column No. 5 
shows the effect of placing the microphone at the middle of one of the 
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side walls, and the loud speaker four feet from it. Absorbing material 
within three feet of the microphone has been removed so that full pres- 
sure doubling will occur for all incident waves. 

The plan of placing the microphone at one of the walls was suggested 
in an earlier paper. It will be noted from the tabulated figures that this 
arrangement while not affecting the floor and ceiling reflections, has re- 
sulted in a major reduction in the wall echoes, and that it also helps re- 
duce the relative strength of the multiply reflected sound. In calculat- 
ing the relative intensities of direct and reflected sounds for Case No. 5, 
it is assumed that pressures are doubled for all incident waves, whether 
coming directly from the source or after reflection from other walls. The 
advantage of placing the microphone at a reflecting wall is that reflec- 
tion from this wall is no longer a disturbing factor, and the distance 
from the other walls has been increased. Since in the case considered in 
column 5 the ceiling and floor distances have not been changed the 
relative strength of these first reflections is the same as before, but the 
total of wall reflections has been cut to less than half. The maximum 
benefit would be obtained if the microphone were placed near the middle 
of the largest surface, for this gives the greatest possible distance to the 
nearest of the other reflecting surfaces. Where a high ceilinged room is 
not available, it might be advantageous, if otherwise permissible, to 
place the microphone on the floor and point the loud speaker down at it. 
The advantages of placing the microphone at a reflecting surface apply 
only if the microphone is a pressure operated device, such as a con- 
denser transmitter. It is further obvious that the microphone should be 
calibrated in place against the wall, and that this calibration will differ 
from the usual free space calibration. 

The calculation of the intensity of the multiply reflected sound rela- 
tive to that of direct sound for Case No. 5 is based on the following 
reasoning: It is assumed that the measuring system is affected in pro- 
portion to the square of the sound pressure at the microphone, as would 
be true, for example, of a system consisting of a microphone, amplifier, 
and thermal meter, and for simplicity let us assume that the meter is 
calibrated to read pressure squared, which is a measure of energy 
density. It is further assumed that some method of averaging is used, 
such as “warbling,” for example. With such a measuring system, if 
there are several trains of waves passing the microphone with random 
phase relations, the average meter reading will be the sum of the squares 
of the pressures produced by the several components. On the other hand, 


1E. W. Kellogg, Jour. Acoust. Soc. Amer. 2, 157 (1930). 
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when any components combine in fixed phase relations, the meter read- 
ing depends on the square of the resultant pressure. Thus at a hard re- 
flecting surface an incident wave and its reflection combine to give full 
pressure addition and the meter would indicate the square of the sum of 
their pressures rather than the sum of the squares. It has been assumed 
that the multiply reflected sound is diffuse, or in other words, consists 
in trains of waves traveling in random directions and with random phase 
relations at any given point in space. Close to a wall the condition of 
random directions still prevails, but it is obvious that all wave trains 
having a component of direction away from the wall must be reflections 
of wave trains approaching the wall. If there are ” trains of waves ap- 
proaching the wall there must be trains leaving it. Let P designate the 
pressure at the microphone produced by any given wave train ap- 
proaching the wall and / the pressure produced at the microphone by 
the reflected waves of the same train. At a distance from the wall, P 
and /p are in random phase relation, and the meter reading would be 


Pj? + pi? + Pa* + ps* - - - Pi? + 9,’, 


in which the subscripts correspond to the various wave trains. With 
the microphone at the wall, on the other hand, since P and # are here 
always in phase, the meter reading would be (Pi+/:)?+(P2+ 2)’, 
-++,(P,+>p,)". If the reflecting surface is non-absorbing P and ? will 
be equal, and (P+)? is twice P?+ p*. The effect of placing the micro- 
phone at a perfectly reflecting surface is therefore to double the appar- 
ent energy carried by the diffuse or multiply reflected sound. On the 
other hand the doubling of pressure of the direct sound, which occurs at 
the wall, will quadruple its apparent energy density. If the measuring 
system indicates four times as much power in the direct sound as would 
be indicated without the reflecting surface, and the multiply reflected 
sound power has been apparently doubled, the ratio of the latter to the 
former is one half what it would be with the usual arrangement of loud 
speaker and microphone near the middle of the room. Correction has 
been made in the calculations for the reduced energy absorption in the 
first two reflections due to the bare spot around the microphone. The 
assumption of random directions is hardly justified in a heavily damped 
rcom, and, therefore, the halving of the relative power in the multiply 
reflected sound is probably optimistic, but a substantial gain if not an 
actual two to one improvement should nevertheless be realized. 

The calculations of the relative energy densities due to the direct 
and reflected sound, serve only to show the average errors. At any one 
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frequency, for a given position of microphone and loud speaker, the re- 
flected waves may raise or lower the sound pressure depending on their 
phases relative to each other and to the direct sound, but since they 
carry additional energy the root mean square pressure will be more 
often raised than lowered. To obtain a curve which will not be full of 
peaks and valleys due to interference between the wave trains, some sys- 
tem of averaging must be employed. Some of the averaging systems em- 
ployed are: (1) Moving the microphone continuously during readings; 
(2) “warbling” or changing the frequency rapidly up and down througha 
small range; (3) passing rapidly through the entire frequency range, and 
employing a measuring system too sluggish to follow the rapid varia- 
tions in sound pressure due to the interference effects, but which will fol- 
low the variations which are characteristic of the loud speaker itself; (4) 
repeating the curve with the loud speaker and microphone moved to a 
new location but still the same distance apart, and averaging two or 
more curves obtained in this way. These averaging systems have been 
discussed in detail in earlier papers.’~* Since the averaging systems do 
not eliminate the errors due to the presence of reflected sound it is im- 
portant to keep the reflections as small as possible. Moreover several of 
the averaging systems can be carried out more easily and satisfactorily 
if reflections, especially the first reflections are weak. Therefore, in ad- 
dition to providing adequate* total absorption, special attention should 
be given to maintaining sufficient distances to the nearest reflecting 
surfaces. Particular areas which produce the most troublesome reflec- 
tions may well be covered with extra absorbent. 

The calculations given here are pessimistic in that a non-directive 
source of sound was assumed. Most loud speakers throw more sound 
forward than in other directions, and this will improve the ratio of 
direct to reflected sound. If the approximate directive properties of the 
type of loud speaker under test are known, allowance for this can be 
made in estimating the relative strengths of the image sources and a 
calculation made which will show, for such speakers, the average error 
due to reflections. Such calculations, by indicating which factors are 
causing the largest disturbances, will show how the total errors may be 
most effectively and economically minimized. 

2 L. G. Bostwick, Bell System Tech. Jour. January 1929, p. 135. 

3. Wolff and A. Ringel, I.R.E. 15, No. 5, 363 (1927). 

4 ].R.E. 1931 Year Book, 1931 Report of the Committee on Standardization of I.R.E. 

* It is important that damping material be so selected and applied as to afford good ab- 


sorption of sound of all frequencies. Low frequency sound is especially diflicult to control and 
its absorption is even more important than that of higher frequencies. 
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COMBINED REVERBERATION TIME OF 
ELECTRICALLY COUPLED ROOMS* 


By A. P. Hitt 
Electrical Research Products, Inc., Los Angeles, California 


The importance of controlling the reverberation time of auditoriums, 
music rooms, etc., is well recognized, and curves showing the optimum 
reverberation times for buildings of different volumes have been drawn 
and have attained general acceptance. In the recording and reproduc- 
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Fic. 1. Arrangement of equipment for measurement of electrically coupled rooms. 


tion of sound for talking motion pictures, however, the reverberation 
problem is somewhat more complex than is the case for rooms in which 
sound is originally produced, due to the fact that there are three factors 
to deal with; first, the reverberation time of the space in which the 
sound is recorded; second, that of the space in which it is reproduced; 
third, the resultant reverberation time produced by electrically coupling 
these two spaces together. This is, of course, done in actual practice. 
This paper deals with the third factor and presents theoretical and ex- 
perimental data showing how this resultant reverberation time may be 
determined. It is a matter on which little information has been avail- 
able up to the present time.’ 


THEORETICAL CONSIDERATIONS 


When a tone of any given frequency is generated in an enclosed space 
and the source of sound then instantaneously cut off, the rate of decay 


* Presented Before the December 1930 Meeting of the Acoustical Society of America. 
1E. C. Wente, Noles on the Acoustics of a Recording Studio and the Studio Microphone. 
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of the sound may be calculated by means of the well-known formula: 
p= poe?! = poe (CS log 1a) t/4V) | (1) 


When, however, a sound is generated in an enclosure and this sound, 
together with its resultant decay, is recorded on film or disk and later 
reproduced in a second enclosed space, insofar as this latter space is 
concerned, the sound, upon being interrupted at the source, is not cut 
off instantaneously but decays in an exponential manner. We have, 
therefore, to consider what the resulting rate of decay of sound will be 


SOUND INTENSITY DECAY CURVES AT 500 CYCLES 
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in a room in which the normal rate of decay is exponential when the 
‘source of sound itself is cut off exponentially. As will be seen from both 
the theoretical and experimental data given below, the resultant rever- 
beration time of two rooms connected together unilaterally in this man- 
ner cannot be defined in the ordinary way, since the decay is not 
logarithmic, and therefore the measured times are in the nature of 
average values for the range of intensities under consideration. 

The theoretical equations may be obtained as follows: The equation 
of decay in the recording room, the first enclosed space, will be 


pi = poe *". (2) 


During decay a transmitter in this room will receive energy per unit area 
at the rate” given by 


2 C. F. Eyring, Jour. Acoust. Soc. Amer. 3, 183 (1931). 





the 
0th 
‘ver- 
nan- 
not 
e of 


ition 


area 


1932] A. P. HILy 65 


e= kicp;/4 ’ (3) 
where c is the speed of sound in air and 
ky == log. (1 = a) /ay, 


a, being the average coefficient of absorption of the walls, etc., of the 
recording room; and the energy transmitted per second to the second 
enclosed space either directly through an amplifier or later from a 
recording on film or disk, will be 


iA Ric, = Exe?! , (4) 
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Fic. 3. Experimental and theoretical intensity decay curves for rooms 1 and 2. 


However, during the steady state the energy transmitted per second 


to the enclosed space is ™ 
tcepuA = E2/k; 


and the steady state value established in this second room is 
4F 4F eke 


= = . 5 
” kicSag de Voky ( ) 








At once we may write for the energy density in the second room the 
differential equation 
dp2/dt + dep. = (E2/V2)e-*:* (6) 
which has for its solution 
Foe-*! 


+ $OrM (7) 
Vo(d2 — 1) ; 


p2 
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which must satisfy the boundary condition when / =0 
p2 = por = Exke/beVehi. 


At once this gives 


po [k! —_ ( ) \ 
SS —¢ ae re) aa 1 ie cian ro) —Got 8 
as go2 — $1 2 ‘i | ko <a (8) 
If ki=hks, that is, if a: log (1—az) =a2 log (1—a:) then (8) reduces to 
the simpler relation 


p2 = pox (ore! — die" |/b2 — dr. (9) 
But if desired, Eq. (9) may be put in the form, 
P2/ Por = [Tie = Te: |/Ty —T, (10) 


by making use of the relations 


T, = 13.8 di, T> = 13.8/d2. 


If the absorption in one room is infinite, say room one, then 7; =0 and 
(10) becomes 
p2 = pore %2! (11) 


which is the ordinary equation of sound decay in a single room. 
If the rates of decay in both rooms are equal, then the solution of 
Eq. (6) takes the form 


po = €°:"[(Fe/V2)t + K] (12) 
and if K is determined from the boundary conditions that when 
t = 0, po = por = EoKe/d2V2Ki 
we get (13) 
p: = pyre" [1 + (Ki/Kz)det]. 


From Eggs. (8), (9), and (13) it will be seen, as before stated, that the 
rate of decay does not take place in a simple exponential manner. After 
the absorption in one room becomes infinite, this equation reduces to 
that described by Eyring for the sound intensity of decay in a single 
room. For any given set of conditions, the combined reverberation time 
may be computed from Eqs. (8), (9), and (13). In certain cases, if both 
rooms are quite dead or if there is a large difference between the rever- 
beration times of the two rooms, it will be found that the resultant 
rate of decay is approximately logarithmic in nature. 
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EXPERIMENTAL DATA 

In order to obtain experimental data to bear out the above theoreti- 
cal assumptions, a series of measurements was made by using, first, 
rooms whose reverberation times was approximately the same, second, 
with rooms whose reverberation times were widely different. All the 
measurements were made with a reverberation meter such as has been 
described in this journal.’ Individual measurements were first made in 
each room and then the two rooms were coupled together electrically 


SOUND INTENSITY DECAY CURVES AT 500 CYCLES 
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Fic. 4. Intensity decay curves for rooms I and 3. 


in the manner shown in Fig. 1, the loud speakers and microphone being 
located in the same positions when the two rooms were coupled together 
as was used for the individual measurements. Warble frequency tones 
were used and the rates of decay of sound were plotted over a consider- 
able range of energy levels. Fig. 2 shows the results obtained at a fre- 
quency of 500 cycles. As will be seen, the time of room No. 1 was 0.54 
seconds, that of room No. 2, 0.56 seconds, and the resultant time 0.68 
seconds. Measurements were also made with the rooms coupled in the 
reverse direction; these showed no change in the results of previous 
measurements. 

By referring to Eq. (10) above, and plotting values 7; =0.54 seconds 
and T, =0.56 seconds, it is seen in Fig. 3 that the experimental data are 
in substantial agreement with the theoretical consideration. 


3 F. L. Hopper, Jour. Acoust. Soc. Amer. 2, 499 (1931). 
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The next step was to determine the resultant time of two rooms 
similarly coupled, but whose individual reverberation times were widely 
different. For this series of tests the reverberation chamber of the 
Acoustic Laboratory was used for one room, room No. 1, previously 
mentioned, was used as the second. The reverbération chamber, which 
is called room No. 3, has a time of 9 seconds at 500 cycles. Room No. 1, 
as above stated, had a time of 0.54 seconds. Since these two rooms are 
located several miles apart the method adopted was to measure the 
reverberation time of room No. 3, recording the decay of sound on film. 
For this purpose a standard Western Electric portable sound recording 
channel was used. The microphone was set up in the reverberation 
chamber and the test tone then generated in the room and held on for 
ten seconds, this tone, together with its decay, being recorded on the 
film. Since the reverberation time of the room was approximately 9 
seconds, an interval of 15 seconds was allowed between the cutting off 
of the tone and starting it again for the next measurement, and these 
intervals of 10 and 15 seconds respectively, were accurately maintained 
for a large number of measurements by means of a stop watch. The film 
was then processed and printed so that an overall gamma of 1 was ob- 
tained, and the recorded sounds then reproduced in room No. 1. The 
resultant reverberation time for the two coupled rooms proved to be 9.1 
seconds. Fig. 4 shows the results obtained. 

From the above data it will be seen in general that where two rooms 
whose individual reverberation times are widely different are unilater- 
ally coupled together, the resultant reverberation time closely approxi- 
mates that of the more reverberant room. Where, however, the two 
rooms so coupled have approximately the same individual reverberation 
times, the resultant time may be considerably greater than either one. 
Since in actual practice, in talking motion picture recording and repro- 
ducing the time of the theatre in which the sound is reproduced is nor- 
mally considerably greater than that of the space in which the recording 
is made, the resulting measured reverberation time will approximate 
that of the theatre. This does not hold true, however, in the case of 
musical scoring where the reverberation time of the scoring stage may 
be relatively long. It should also be realized that there are factors other 
than reverberation which affect the naturalness with which a sound is 
heard by the audience of a theatre. 

I am indebted to Messrs. F. L. Hopper and D. P. Loye for much of 
the work done in the preparation of this paper. 
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A MODIFIED FORMULA FOR REVERBERATION 


By G. MILLINGTON 


Marconi’s Wireless Telegraph Company Limited 
Chelmsford, England. 


I. GENERAL INTRODUCTION 


A paper has been published by Eyring! in which he gives as a modifi- 
cation of Sabine’s well-known reverberation formula namely: 





r 0.05V (1) 
7 aS 
the following formula: 
0.05V 
T= — —————_ (2) 
S log. (1 — a) 


where a = 2a, 5,/S, ft-sec. units being used throughout. 

This formula is designed to deal with the case of a heavily damped 
room where a—1, for which Sabine’s formula obviously breaks down 
as it makes T approximate to 0.05 V/S instead of to zero. Sabine’s for- 
mula is seen to be an approximation to Eyring’s formula for small values 
of a. 

In some recent work on reverberation measurements on the absorp- 
tion coefficients of highly absorbing materials anomalous results have 
been obtained, Eyring’s formula giving coefficients greater than unity 
for materials for which values of about 0.7 have been obtained by other 
workers. This suggested that under the conditions used the formula is 
not accurate as the anomalies were too large to be attributed to experi- 
mental error. The theory of reverberation has therefore been developed 


afresh from first principles, and it appears that under certain conditions 
the formula takes a modified form. 


II. STATEMENT OF THE MODIFIED FORMULA 


Eyring’s formula can be worked out on the assumption that at each 
reflection the sound energy in the room is reduced to (1—qa) times its 
previous value where a is the average absorption coefficient. This will 
be true if at each reflection the energy reflected from each of the areas 
Si, Se, etc., spreads by scattering or by the divergence of the wave so that 
at the next reflection it is distributed over the remaining areas. If, how- 


1 Eyring, Bell System Tech. Jour., April (1930). 
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ever, the areas are large enough to act as plane reflectors, any incident 
narrow cone of rays will be reflected as a confined cone and the energy 
will not be distributed over the remaining surfaces, but will be incident 
on some particular one. It will therefore suffer the absorption associated 
with that surface. Instead of the energy being absorbed the same 
amount at each reflection it will be absorbed the amount corresponding 
to the surface involved. 

It is shown in section VI that this line of reasoning leads to a new 
formula which may be stated as follows: 


0.05V 
2 ot log. (1 = a) 


This corresponds to the ideal case when the areas Si, Se, etc. have dimen- 
sions several times the wave-length of the sound, and are moreover large 
enough to make edge effects and effects due to the spreading by diver- 
gence of the waves negligible. Also each of the ratios S;/S, S2/S, etc., 
must be large enough for the statistical methods used to apply. 

In practical cases it is difficult to assess the weight which should be 
given to the various factors involved, but the formula corresponds to 
the extreme case towards which conditions may approximate. In a typi- 
cal studio the walls are rectangular and of large area, and large areas of 
damping are used in the form of curtains, carpets, and panels. Thus in 
spite of obstacles present such as chairs and instruments the Eyring 
formula should need some modification in the direction indicated. In a 
reverberation room such as the one in use, the modification may need to 
be almost complete. 


T= (3) 


III. APPLICATION TO REVERBERATION ROOMS IN GENERAL 


Assuming that the modified formula can be applied to a reverbera- 
tion room, the analysis may be stated as follows: 
Let T be the reverberation time in the bare room, then 


0.05V 


> Si log. (1 — a1) = — m= 





(4) 


If the total area is S and the absorption is uniform and has a coefficient 
a this gives 
0.05V 


Slog. (1 — =— 
ge (1 — a) = 





(5) 


eee 


ee EEE 7 . — 
a pp TT a A mm 


4) 


nt 


(5) 


em EE 


ON ee es 


1932] G. MILLINGTON 71 


Suppose that an area S, of damping coefficient a, is hung on the wall 
or placed on the floor where the coefficient is a, and that T, is the new 
reverberation time, we now have: 


0.05V 
r (6) 
If a, is known we can solve (4) and (6) for a,. If it is small compared 
with a, and we assume that it is approximately equal to a then 
0.05V 
T> 


> Si log. (1 — a1) + Sp[log. (1 — a,) — log. (1 — @,) | = — 





> Si log. (1 — a1) + S,[log. (1 — a») — log. (1 — a) | = — 
and therefore from (4) and (7) 





(7) 


s, [I (1 coe 1 )| 0.05V F 0.05V 
pliog. (1 — ay) — log, (1 — = — ——— + —___ 
p Log I g a Tr, T 
which may be written 


Qy—a 0.05VT 1 1 
l-a Se Gto FF 


We may notice from this formula that however small T, may be 
(a,—a)/(1—a) is >O and <1 and therefore a, is <1, whereas Eyring’s 
formula can give values greater than unity. The case where JT, is >T 
corresponds as it should do to a, <a. 

A very important point arises when a, =1 since even when S, is very 
small the formula gives T, = 0. Of course this cannot be so in practice, 
and the theory breaks down simply because the statistical methods 
used cannot be applied to the cases of very short decays and of very 
small surfaces, even assuming the latter to remain plane reflectors. But 
we can interpret the result by saying that a small area of heavy absorb- 
ent can reduce the reverberation time of a room to a very much smaller 
value than is generally recognised. 

For the bare room Eyring’s formula also gives Eq. (5), but Eq. (7) is 
replaced by one of the form: 





0.05V 
S log, (1 — a’) = —- —— 


Pp 


where a’ is a new average coefficient given by 
apSp + (S — Spa 
S 


U 
a= 


and these equations with Eq. (5) give 
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for comparison with (8), and converting to common logarithms we have 
instead of (8) 


Aap — a 0.0217VT 1 1 
of -R29]--STL-2] 
l—a S» ZT» T 


and instead of (9) 
‘. tie 0.0217VF 1. 1 
me $ GEN] TE-H 
S l-—e S T> T 


IV. APPLICATION TO THE REVERBERATION ROOM IN USE 








A series of measurements was made upon a sample of highly absorb- 
ent material in a room having the following constants: 


Volume V = 1933 cu. ft. Total surface S=932 sq. ft. 


The average absorption a is of the order of 0.02 to 0.03. Some of this 
absorption takes place at cracks round the door and window, but in 
most cases it is accurate enough to assume that a,, the coefficient of the 
wall or floor to be covered by damping, is equal to a. This error may be 
serious when materials with very small coefficients are tested, but ob- 
viously special precautions must be taken for such cases to use a very 
reverberant room or to make a, small in comparison with a, e.g., by 
using a rigid metal surface over which to place the damping. In a par- 
ticular experiment an area S = 27.8 sq. ft. of absorbent was used, and the 
reverberation time at 1000 cycles per second was 7, = 1.80 sec. The cor- 
responding bare room time was T =3.77 sec. 

The coefficient a may be obtained to within experimental error by 
Sabine’s formula, i.e., 


0.05V. 0.05 X 1933 
ST  932X3.77 


whence 1—a=0.973. 
Eyring’s formula (11) gives: 


| 27.8 (ap — =) 0.0217 X 1933P 1 1 
ae) 


932 (1 — a) 932 1.80 3.77 
whence 
Zi 33 _ 
pe nae 
932 (1— a) 
ay— a 





932 
= 0.0298 XK —— = 1.00 
27.8 
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whence 
Eyring = 1.00. 


The modified formula (10) gives 


| (ay — =) 0.0217 X 1933f 1 1 
loge | 1 - ———— --—| -=| 


(1 — a) 27.8 oe Jide 
+ SS ee 
(1 — a) 
Q@ pModified = 0.65. 


It is thus clear that whereas the value of absorption coefficient cal- 
culated according to Eyring is impossibly high, that calculated by the 
modified formula is reasonable. It is also in close accord with that which 
was expected for the material in question. 


TABLE I. 
Freq. T 
cycles sone: logio (1a) 1—ay as pEyring 
120 0.73 —0.260=1.740 0.550 0.45 0.49 
240 0.49 —0.388=1.612 0.409 0.59 0.65 
500 0.38 —0.500=1.500 0.316 0.68 0.77 
1000 0.34 —0.559=1.441 0.276 0.72 0.82 
2000 0.34 —0.559=1.441 0.276 0.72 0.82 
4000 0.32 —0.594=1.406 0.255 0.74 0.86 





V. RECALCULATION OF EYRING’s RESULTS 
It is interesting in the light of these results to recalculate on the 
modified formula some figures given in Eyring’s paper. 
The following data are given: 


Volume of room SS 
Total area of the walls m= (050 ORT... «ced 
Area of insulating material under test = 8401 sq. ft.... ...S, 


The bare walls made of concrete, glass, etc. were considered to be per- 
fectly reflecting, i.e., T was taken as infinite. 

The results calculated on the modified formula are given in Table I 
with Eyring’s values for comparison. The coefficient was also found for 
the insulating material with Monk’s cloth hung in front of it, and an 
area of 1670 sq. ft. was used with 6887 sq. ft. uncovered. 
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TABLE II. 


Si logio (1—a) 
+Sp logio (1 —ap) 


Sp logio (1 —ap) 


ap 


1—ap, 


logio (1 —ap) 


Si logio (1 —a) 


Ty 


(secs.) 





Freq. 
(cycles) 
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0.52 
0.40 
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0.32 
0.28 
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0. 


If S,; represents this uncovered area, and 
a, the coefficient as found from Table I, 
and if S, is the area covered, and a, the 
coefficient of the composite damping, the 
value of S; logis (1—a1) +S, logic (1 —a@,) 
is found by direct application of the modi- 
fied formula, and S; logio (1—a:) is ob- 
tained from the third column of the table. 
The results of Eyring are again given for 
comparison in Table IT. 

Eyring attributes the fact that his val- 
ues are greater than unity to large experi- 
mental errors in measuring very short 
times. It seems, however, more rational to 
explain them as due to the inadequacy of 
his formula, especially as it follows from 
first principles that the modified formula 
is more applicable the larger the actual 
areas of damping used and the greater the 
ratio of the areas to the total area of the 
walls. Both of these conditions are much 
more complied with in Eyring’s case than 
in our own where we have seen that his 
formula is definitely inadequate. 


VI. THE PROOF OF THE MODIFIED 
FORMULA 


As above we consider the walls (includ- 
ing the floor and roof) to have a total area 
S made up of a number of areas S;, S2 - - - 
S, with corresponding absorption coeffi- 
cients a1, a2 - - -a@,. For an average shape 
of room there will be a mean free path p 
which is given by the relation p=4V/S, 
and considering any particular ray it will 
make vt/p reflections in a time ¢ secs. The 
simple ray theory can be applied provided 
each of the areas Si, S2 etc., is large enough 
to act as a reflector of the sound and edge 
effects are negligible. Provided that none 
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of the ratios S,/S,S2/S, etc., is very small, then of the vt/p reflections a 
fraction S,/S will take place on the surface S;. If S;/S is equal to 1/n, 
then ” must be sufficiently small in comparison with the number of 
reflections vt/p for the probability that S,/S of them will take place on 
S, to be high enough for statistical methods to be applied. Similarly a 
fraction S,/S of the reflections will take place on the surface S2 and so 
on for S3, etc. At each reflection from the surface S; the energy reflected 
is (1—a,) times the incident energy, and is (1—a2) for the surface S; 
and so on. If the initial energy is Ey then the energy remaining at the 
time / sec. later after vt/p reflections is 


Ez = Eo(1 — xy) (Si/S) (vt!) (1 — ayy) S2/S) (vt!) © «© (1 — eq) Sn!) (vt v) 
and it does not matter in which order the reflections have occurred. 
The expression for E, may be written in exponential form thus: 


E, = Ee St!S) (vt!) loge (1—a,) g(S2/S) (vt/p) loge(l—a,) . . . e(Sn/S)(vtl p) loge (lap) 


Ege 'S1/S) (et! p) loge (1—a,)+ (S/S) (vt/ p) loge (l—ag)++ + -+Sn/S(vt/ p) loge (1—ay) 


Eye-** 


where 


= 
Il 


‘i = 5S; log, (1 — a) 


v ; 4V 
~ > S$: log. (1 — a1) since p = — 


If T is the reverberation time 
e*T = 10° 
kT = 6 log. 10 = 13.82 


and 


55.2V 
"9 DSiloge (1 — ar) 
putting v = 1100 ft. per sec. gives 
0.05V 
rl ps S; loge (1 — a) 


which is the modified formula which has been given above. 


T= 
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Eyring’s formula may be derived by putting a:=a:.=--=a all 
through the argument, but this would assume that all the surfaces had 
the average coefficient a and would moreover give no justification for 
assuming that a = Ya,S,/S rather than a value worked out on any other 
system of averaging. A better method of deriving the formula and of 
showing the true nature of the assumptions made is as follows: Suppose 
that at any moment during the decay the energy in the room is E and 
that it is distributed evenly so that at the next reflection an amount 
S,E/S is incident upon the surface S, and so on, the amount of en- 
ergy reflected from S, will be (S:/S)E(1—a:) and from S; will be 
(S2/S)E(1—ae) etc. 

The total remaining energy will be given by 


it Oe 

S oe ™ S be 

E 

= [Si + Sat +55 — (as + a952 + ++ + anSn)} 


ce asl Sith ) 
a = E(li—a 


where a is defined as 2a:5,/S. Now if this remaining energy is also 
evenly distributed, after the next reflection the energy remaining will be 
E(i—a)* and thus in a time ¢ the energy becomes E(1—a)**’? or Ee~*! 
where ” 


ee ee ee 
= oo a)= 4V O£ e a 


whence 
0.05V 


Ss log. (1 — a) 


which is Eyring’s formula. This method of proving it shows that ac- 
count is taken of the particular coefficient corresponding to the surface 
on which the energy happens to be incident; the fundamental difference 
between the two formulae is that the modified formula considers the 
energy reflected in a series of confined cones and traces the history of 
any particular cone of energy, whereas the Eyring formula considers the 
energy as uniformly spread out after each reflection. The truth will in 
general lie somewhere between these two points of view, and the situa- 
tion has been stated in section II after the formal statement of the 
modified formula. 
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VII. GENERAL CONCLUSIONS FROM THE THEORY 


Before proceeding to the general conclusions to be deduced from the 
theory it is convenient to prove two theorems. 


Theorem I.—TIf{ we write 2 S, log. (1—a:)=—A and S log. (1—a) 
= —Bwhere A and Bare both positive, then A is always greater than B. 
For we have: 

A—B=— )'S,log. (1 — a1) + S log. (1 — a) 
d S$: log. (1 — a1) + DS; log. (1 — a) 
= > Siflog. (1 — a1) — log. (1 — a)] 








© mn 

= — XSi log.— _ 

=— E Silog.(1 + <= =) 
i-e 


Now if ai1<a (a—a,)/(1—a) is positive, and log. (1+(a—a:)/(1—a)) 
is positive but <(a—a;)/(1—a) and may be written (a—a)/(1—a)—«& 
where ¢; is positive. But if a: >a (a—a;)/(1—a) is negative, and log, 
(1+(a—a1)/(1—a@)) may be written (a—a,)/(1—a@)—«, where «’ is 
positive. 

These results follow from the fact that if x is positive the numerical 
value of log. (1+) is <x while the numerical value of log. (1—x) 
is >x. 

Thus in both cases we may write 








a-— a a— a , one 
log.{ 1+ = — — €,, where ¢; is positive. 


1—a l1—a 


Thus 
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51 S 
_ 2arSi — @ 251 © 251 > eS: 
l—-a 
But ads, =aS = LaiSi 
“.A—B=2Ze«S, which is positive and under all conditions A>B 
except when a,=a2= --- =aandA=B, 
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Theorem II. If in the formulae (10) and (11) of section III the co- 
efficient of absorption of a sample is ay when worked out on the modi- 
fied formula, and is ag when worked out on Eyring’s formula then: az 
is approximately equal to ay when S,/S is nearly unity and az is 
approximately equal to ay+an?/2+a°/3+ when S,/S is very 
small compared with unity. 

From formulae (10) and (11) it follows that: 
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i.e., ay’ and az’ are the uncorrected values neglecting the absorption 
of the bare room, we have: 


S 
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1 = Pay’ = 1-2 au’ + (~~ 1) ; — etc. 
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ap = ay +( =) > + 5 3/3 


Now if S,/S is nearly unity ag’=ay’ and if S,/S< <1 ag’ =ay)’ 
t+ay”?/2+ay"/3+—-——. Since in practice the absorption coefficient 
of the bare room is very small compared with that of the sample, the 
results also hold if we replace ay’ by ay and az’ by ag and the theorem 
follows. 

The following conclusions from the theory may now be stated: 

(i) If in a given room the true values of the coefficients are known, 
e.g., from tube measurements, the reverberation worked out on the 
modified formula is always less than the time worked out on Eyring’s 
formula. For if we call the two times Ty and T¢ respectively then 
Tu =0.05V/A and T,=0.05V/B and since A >B by theorem I it fol- 
lows that Ty is less than Tz. 

(ii) In the converse process in which a reverberation room is used to 
find the absorption coefficient of a given sample, the coefficient ob- 
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tained by using Eyring’s formula is always greater than that obtained 
by using the modified formula. This follows immediately from theorem 
II. Moreover the difference between them gets larger as the ratio S,/S 
gets smaller and the material more absorbent. 


(iii) The modified formula is more direct for using in reverberation 
work, and the errors in the value of a for given errors in the measure- 
ment of the time 7, are much smaller than with Eyring’s formula when 
S,/S is small. This can be seen by differentiating Eq. (8) and (9). 
Writing the respective values of a, as ay and ag as above we have 
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and the general results stated follow. 


VIII. RECTANGULAR ROOM 


The special case of a rectangular room with a source of sound which 
has marked directional properties is of special importance in consider- 
ing the usual type of reverberation rooms. Suppose that the edges of the 
room define a set of rectangular axes OX, OY, and OZ, the dimensions 
being a, b and c along these directions respectively. Consider a ray 
travelling in a direction determined by cosines / m n, then by sym- 
metry we need only to consider rays starting off in the positive octant. 
We can divide the walls up into three pairs, the “x” pair parallel to the 
YOZ plane and separated by the distance ‘a’ and the ‘y’ and ‘2’ pairs 
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corresponding to the ‘b’ and ‘c’ distances. If the total area of the ‘x’ 
walls is S, and is made up of areas Si Sz etc. with coefficients an az 
etc., and similarly for the ‘y’ walls areas Sy: Sy2 etc., with coefficients 
Qy1 Qy2 etc., and for the ‘z’ walls S,; S.2 etc., with coefficients a; a2 etc., 
then the number of reflections at the ‘x’ walls in ¢ seconds will be Jvt/a 
and similarly mvt/b and nvt/c for the ‘y’ and ‘z’ walls respectively, and it 
follows that the value of the decay constant k is given by: 


. | L >) Sn log. (1 — az) 4 m >, Sy loge (1 — ay) 
= — yj — a 
a S, b ca 
& >, Sa log. (1 — =) 
c S; 


~ rr De Sa log. (1 — as) +m Di Syloge(l— ay) — (12) 


+ n > Sa loge (1 ‘- a1) | 


since aS, =bS,=cS,=2V. This is the fundamental expression for a plane 
wave travelling in the direction (/ m n). 

In the particular case in which the sound is directed at an equal in- 
clination to all three principal axes, ] =m =n=3" then: 


a. S, loge (1 — a) (13) 
where the summation term is the sum of the three summation terms of 
Eq. (12). This expression is equivalent to the general formula with 
2(3)"/? instead of 4 in the denominator. 

To obtain the expression for a diffuse state in a rectangular room, the 
result must be averaged over all values of (/ m m) in the octant, and 
this is equivalent to replacing / m and n by/ m and v where 


dh 2 «/2 x/2 

t= — =a | f sin? @ cos 6dodé 
«/2 

— - f ft sin? @ sin 0d¢dé 

2 x/2 

— f i sin @ cos ¢d¢odé 

wT Jo 0 


3 
I 


= 
Il 


whence 


~ 
I 
3 
I 
zz 
I 
wie 


ee a i i a ee ke 


2) 


ne 


13) 


s of 
rith 


the 
and 


1932] G. MILLINGTON 81 
giving 
v 
k == 4V DS: log. (1 ons a) 


ie., the general formula, which is equivalent to saying that in a rec- 
tangular room the mean free path is the statistical value 4V/S. 

The general expression given in Eq. {12) can be used to determine 
the reverberation time under any given conditions in which the sound 
field is produced by an ordered set of waves. It expresses for instance 
the obvious fact that if the waves travel to and fro between one pair 
of walls (i.e., parallel to a principal direction, e.g.,]=1 m=n=0) then 
the area and absorbing nature of the other walls do not enter into the 
argument. It must be remembered, however, that under certain con- 
ditions the statistical theory cannot be applied in detail. For instance 
in a room in which one pair of opposite walls is left bare and the others 
heavily damped, there will exist in the room even with a spherical sound 
field a ‘rattle’ effect. This rattle which is due to multiple reflections be- 
tween the bare walls is only obvious because the rest of the walls are 
damped and is only noticeable when a short impulsive sound such as a 
hand clap is used. The effective rate of decay of the rattle can be worked 
out analytically by the method of images. If the reverberation is meas- 
ured in the usual way by first allowing the steady state to be reached, 
only a small proportion of the sound is responsible for the rattle decay 
as received at any given point in the room, and the sound does in effect 
die away exponentially in accordance with the theory. 


IX. CONCLUSION 


In conclusion it may be noted that the modified formula has a 
marked resemblance to Sabine’s original formula, since it can be ob- 
tained from it merely by replacing a, a2, etc., by —log. (1—a) —log, 
(1—az) etc. We can therefore work out problems by the old Sabine 
method provided we remember that the quantity a which we work out 
by it is not really an absorption coefficient in the accepted sense (as 
used by Sabine in deriving his formula) but a logarithmic function. 
Moreover, if values of a are worked out on Sabine’s formula and then 
used to calculate the reverberation of another room we should expect 
to get agreement between theory and experiment. This possibly explains 
part of the success which Sabine had in this direction, although he sel- 
dom dealt with rooms dead enough for us to expect a marked discre- 
pancy between any of the formulae. 
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A MINIATURE CONDENSER TRANSMITTER FOR 
SOUND-FIELD MEASUREMENTS 


By Witutam M. HALi 
Massachusetts Institute of Technology 


ABSTRACT 


The problem of sound-field measurements:is analyzed with a view to indicating 
the requirements of measuring devices for use in such fields. A condenser transmitter 
is then described which is an approach towards the ideal set forth in the analysis. 


There has existed for some time the need for a device with which 
measurements could be made that would completely determine the con- 
ditions in sound fields, yet which would not, by its presence, unduly dis- 
turb the fields. While the condenser transmitter herein described does 
not completely satisfy the requirements of such a device under all con- 
ditions, it has been found of great value in certain investigations. Before 
proceeding with a description of the transmitter itself the general prob- 
lem of sound-field measurements will be reviewed briefly, in order to 
facilitate an understanding of the purpose and requirements of such a 
device. 

In order to determine experimentally the motion and distribution of 
acoustical energy in a sound field, with no recourse to theory whatso- 
ever, measurements of all the attributes of the sound waves must be 
made. These include: The sound pressure, i.e., the departure from the 
mean atmospheric value; the pressure gradient; the acceleration, veloc- 
ity, and displacement of the elements of the medium; the variation in 
temperature occurring in the adiabatic contraction and rarefaction of 
the medium; and the corresponding variation in density. Frequency, 
phase, magnitude, and, in the case of those which are vectors, the di- 
rection are the properties of the above attributes which must be deter- 
mined. In the case of a complex wave, in which more than one fre- 
quency is present, the above attributes must be determined for each of 
the various components. Ordinarily, it is permissible to assume that the 
relations among the various attributes of the sound waves are known. 
If this is the case the complete determination of any one of the attri- 
butes will suffice; i.e., if the pressure or the velocity or the density be 
known at all points in the field the remainder of the attributes may be 
calculated and the field will be completely determined. In certain 
special cases, where the boundary conditions are such that the theory 
is comparatively simple, the measurement of a group of the attributes 
at a single point may suffice. For instance, the sound field within a 
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straight tube may be determined with a certain degree of approxim: 
tion by the measurement of pressure and velocity at a single point 2 
the tube. 

Measuring devices may be classified broadly into two groups: Fir ¢, 
those which measure time average or root-mean-square values, and, 
second, those which measure instantaneous values. Those of the first 
group are of value only in special cases in which a certain amount of 
data can be supplied from some external source and theoretical rela- 
tions may be used to supplement the measurements. If more than one 
frequency is present or if measurements are to be made of transient 
phenomena it is practically imperative that the measuring device be- 
long to the second group. 

To facilitate an understanding of the requirements of a sound meas- 
uring device a comparison may be made between the measurement of 
potential and current in an electric circuit and the measurement of 
pressure and velocity in a sound field. The two cases are not analogous; 
the fundamental differences between a circuit and ;- problem exist. 
However, for a single measurement, with the mezsuring device fixed in 
one certain position, there is enough simi'*’ ty between the “ons 
to make the comparison advantageous.. 

Now in an electrical circuit the difference between a voltmeter and 
an ammeter is obvious. It depends not only upun the instrument, but 
also upon the method in which the instrument is introduced into the 
circuit and the relation of its impedance to the impedance of the cir- 
cuit. Both the voltmeter and ammeter must withdraw sufficient energy 
from the system to operate their indicating mechanism, so that although 
in the ideal case their effect upon the circuit may be neglected there are 
times when it may have to be taken into account, especially when meas- 
urements involving minute amounts of energy are being made. 

The corresponding condition in the acoustical system is apt to be 
slighted. Following the same line of reasoning which leads to the differ- 
entiation between the voltmeter and ammeter, both as to character- 
istics and location in the circuit, it will be seen that a device for measur- 
ing particle velocity (or displacement) would be introduced directly in 
the path of the sound wave, and would have to respond to movement 
in the medium. The impedance offered to the incident sound wave 
would have to remain substantially unchanged by the introduction of 
the measuring device. An amount of energy negligible in comparison 
with that passing through the device, yet sufficient to measure quanti- 
tatively, would have to be withdrawn from the medium. 
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A pressure measuring device, on the other hand, would be placed so 
tat the particle motion in the sound waves is unobstructed by it. The 
i pedance offered to the sound waves would be high in comparison with 
th. ‘ impedance of the free medium so that the response of the measuring 
device would be directly the result of the sound pressure and independ- 
ent of the particle velocity. It likewise must remove energy from the 
system, sufficient to be measured quantitatively yet insufficient to 
disturb appreciably the remainder of the system. 

The above classification refers, of course, to meters which make direct 
use of the mechanical motion of the medium to measure that same mo- 
tion. The difference between the sound-pressure measuring device and 
the voltmeter, which measures potential difference between two points 
in the circuit, should be noted. A meter with both front and back ex- 
posed to the medium (such as the usual two-button carbon microphone) 
is a more exact counterpart of the voltmeter, as it responds to differ- 
ence in pressure between two regions in the medium, namely, in front 
and in back wt. ‘he pressure measuring device is more nearly the 
counternart of the el@v:-oscnpe. 

irbance of the’~'d is influenced by another factor besides 
the actual impedance ot the measuring device. If the object is made 
small enough ‘its influence on the field becomes negligible regardless of 
its other characteristics. To go to the extreme, if the object becomes 
molecular in size it becomes impossible to detect its effect on the field 
by any known means. 

The effect of a solid body introduced into an otherwise infinite sound 
field has been well treated in both classical and recent literature.’ 
Applying the principle of reciprocity, the effect of a stationary object 
on a sound field is seen to be the same as the effect of a vibrating object 
on an otherwise undisturbed field. This concept is useful not only mathe- 
matically, but also as an aid to visualizing the effect. As is well known, 
the effect is small in the case of an object which is small in comparison 
with the wave-length of sound in the medium. According to Ballantine! 
the change in pressure at the object is negligible under normal condi- 
tions if the mean diameter of the object is less than about one-tenth 
the wave-length. In order that the apparent phase of the pressure be 
unchanged appreciably a somewhat smaller object might be required. 
For measurements in restricted regions the same fundamentals apply, 


1 Ballantine, Phys. Rev. 32, 988 (1928); Crandall, Theory of Vibrating Systems and Sound, 


Art. 47; Lamb, Dynamical Theory of Sound, Art. 81; Rayleigh, The Theory of Sound, Vol. II, 
p. 218. 
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but the requirements are more drastic, as the object must not change 
the effective dimensions of the medium. Thus, introducing an object 
one-tenth wave-length in diameter into the throat of a horn, also one- 
tenth wave-length in diameter, and not expecting a modification of the 
existing conditions, is absurd. This gives us some criteria to go by in 
determining the size requirements of a sound measuring device. The 
actual size is a function of the accuracy required, the frequency range 
to be covered, and the nature of the surroundings. 

The requirement that sufficient energy be removed from the system 
to measure quantitatively is universal except for the case of certain 
systems of null measurement? in which case, the energy is supplied from 
an external source. This requirement has always been one of the great- 
est stumbling blocks in the way of developing precise methods of sound 
measurement, as the actual magnitude of the power and energy dealt 
with is much less than in any other ordinary mechanical system. To 
illustrate: Assuming for a normal intensity of speech a pressure of ten 
bars, the power per square centimeter of wave front is approximately 
2.5 ergs per second, or 2.5X10~-’ watts. If a negligible amount of this 
power is to be used to operate an indicating mechanism, the limitation 
of a wholly mechanical system is obvious. The advantage of using an 
electrical measuring system, employing vacuum tube amplifiers, at 
once appears. Ten millivolts across a ten megohm resistor (a reasonable 
input requirement) corresponds to 10-" watts, which is, as desired, a 
negligible fraction of the previous figure. 

Devices which measure practically all of the quantities originally 
enumerated have been constructed and used at one time or another. 
Pressure measurements have been found the simplest to make, and the 
most direct to apply after having been made. Of the pressure measuring 
devices in use at present the condenser transmitter® is one of the most 
satisfactory. For this reason it was chosen as the device to be developed. 

We are now in a position to summarize the requirements of a measur- 
ing device, and see how a condenser transmitter fills these requirements. 

1. An instantaneous reading meter is required. A condenser trans- 
mitter obviously responds to instantaneous rather than average ef- 
fects, within the frequency range for which it is intended. 

2. In order to respond uniquely to pressure or velocity, the mechan- 
ical impedance of the device must be either much higher or much lower 
than the impedance of the medium. A condenser transmitter may be 


2 Gerlach, Wiss. Veroeffentlichung d. Siemens-Konzern 3, 139 (1923). 
3 Wente, Phys. Rev. 10, 39 (1917); Wente, Phys. Rev. 19, 498 (1922). 
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made essentially rigid, or of extremely high impedance, in comparison 
with the medium. 


3. The energy required to operate the device must be negligible in 
comparison with the energy available to operate it, if (2) is to be satis- 
fied. It has just been pointed out that a vacuum tube amplifier will 
operate on a sufficiently small amount of power to fulfill this require- 
ment. The losses in the transmitter are relatively negligible. It is diffi- 
cult (though not impossible) to conceive of any other measuring sys- 
tem fulfilling this requirement as simply as does this one. 

4. The measuring device must be small in comparison with the wave- 
length of the sound at the frequency being measured if undue effect on 
the surrounding field is to be avoided. The following description of a 
condenser transmitter, which has been used with satisfactory results, 
should prove that it is a simple matter to satisfy this condition for a 
reasonably large portion of the audible frequency range. 

Consideration of the above requirements and the manner in which a 
condenser transmitter fulfills them shows why such a device might be 
expected to be extremely satisfactory. There are also other reasons. As 
sound can easily be produced electrically, the comparison of the condi- 
tions at a point in the field with the source of sound can be reduced to 
the comparison of electrical quantities. Furthermore, the manipulation 
of the transmitter is extremely simple. 

The overall diameter of the particular transmitter mentioned above 
was about three-quarters of an inch (2 cm). The transmitter was re- 
moved from the first stage of amplification by about ten feet of three- 
eighths inch steel tubing. This furnished both a support for the trans- 
mitter and a shield for the grid lead. The amplifier could thus be placed 
in a position where its effect on the immediate field was negligible. 

Although it is common practice to mount the condenser in close 
proximity to the first amplifier tube in order to minimize lead capacity, 
this is not at all necessary. The capacity between a single #40 wire and 
a one-quarter inch shell is about four mmf per foot so that the entire 
length of ten feet has a capacity of forty (40) mmf, which is somewhat 
less than the input capacity to the average three-electrode tube under 
operating conditions. Its effect on the output of the transmitter is 
therefore less than that of the vacuum tube. Small movements of the 
wire produce practically no change in the capacity and so the lead is 
not microphonic. 

The effect of the size of the transmitter on its behavior may easily 
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be shown. Assume first that the proportions of the transmitter remain 
unchanged and only the linear dimensions are varied. Let: 
T =tension on the diaphragm (defined as force/length, neglect- 
ing the thickness of the diaphragm) 
M =effective mass of the diaphragm 
fo=lowest natural frequency of the diaphragm 
d=separation between diaphragm and back plate 
S =compliance of the diaphragm = displacement/pressure 
C.=capacity of condenser 
IC.=capacity of system external to condenser 
D=linear dimension of transmitter 
E=sensitivity of the transmitter (the ratio of voltage output to 
applied sound pressure) 
Then: E «S/d at frequencies low in comparison with the natural fre- 
quency of the diaphragm. 

This is because the output voltage is proportional to the ratio of dis- 
placement to normal separation, for a given applied sound pressure. 
The reason for this will be discussed later. 

The effect of the capacity of the rest of the system to which the trans- 
mitter is connected is to reduce the “working sensitivity” below the 
value indicated above by the ratio: 


C./(C. + Ce). 


Keeping the strain on the diaphragm constant, and neglecting the 
capacity external to the transmitter: 


T « D, 
M « D5, 
therefore 
fo x (T/M)"? « 1/D 
S « D?/T « D, 
therefore 


E = S/d = constant. 


Thus the sensitivity is independent of size and the natural frequency 
varies inversely with the linear dimensions. The effect of size on the 
sensitivity is therefore entirely a function of the effect of the external 
capacity. 

But it is not necessary to allow the natural period to vary with the 
size of the transmitter. The tension of the diaphragm may be changed 
to keep the natural period constant. In this case: 
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in (T/M)"? = constant. 
Therefore 
T « DB 
and therefore 


E = S/d « 1/D? 


or the sensitivity is inversely proportional to the square of the linear 
dimensions of the transmitter. 
The capacity of the transmitter is directly proportional to the linear 


i 
| S « 1/D 


dimensions; 
C.x D= kD 
to therefore 
C./(Co + Ce) = RD/(kD + C) 
re- which is the correction factor for the effect of the external capacity. The 


effective output, therefore, is proportional to 


(1/D?)[kD/(kD + C.)] or k/(kD* + C.D). 


re. 

The effective output is thus seen to increase as the size of the transmitter 
ns- decreases, even when the effect of the capacity of the system external 
the to the transmitter itself is considered. This assumes that the polarizing 


voltage on the condenser may be kept the same, and that the resistance 

in the input circuit to the vacuum tube is large enough so that the loss 

at low frequencies due to it is negligible. These conditions are both pos- 
the sible. 

It is desirable for practical reasons to change the proportions of the 
smaller transmitter. The use of a heavier diaphragm and a greater 
spacing between the diaphragm and the back plate, in proportion to 
the other dimensions simplifies the construction and produces a more 
rugged instrument, and at the same time does not necessarily reduce 
the sensitivity below that of a transmitter of the usual size. The trans- 
mitter described below has an output of about one millivolt per bar, 
varying less than six db between 50 and 6900 c.p.s. 

As constructed, the condenser was of the simplest possible form. A 


——— 


ncy brass back plate was pressed into a hard rubber bushing in a brass shell, 
the about three-quarters of an inch in diameter. Both the plate and the 
ral bushing had holes through them, connecting the space between the 

diaphragm and the plate with the rear of the condenser. The diaphragm 
the consisted of a sheet of aluminum foil 0.0004 inch thick, cemented across 
ged the face of the shell. A brass ring, about 0.015 inch thick, was cemented 


to the front of the diaphragm, just inside the shell, so that screwing the 
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cap down stretched the diaphragm and controlled the spacing between 
it and the back plate. The capacity with a two mil spacing was cal- 
culated to be twenty-two (22) mmf. This separation was found to be 






iH A Bashing Plate 


RS NF j (hard rubber) 
; © Zht Cap (brass) : 
=| : 
> 
Lead 
Fic. 1. a transmitter. 
the limit which could be reached without causing break-down between 
the diaphragm and the plate. A sketch of the condenser and a picture 
of the mounting are shown in Figs. 1 and 2. 
4 
i 
0 
f 
n 
p 
a 
| Cl 
Fic. 2. Mounting of transmitter. 

The transmitter was sufficiently stable and free from temperature t] 
variation effects so that extended runs could easily be made without 
rechecking, in spite of the methods and materials of construction. a 

Change in its location produced no measurable change in the output th 


of another transmitter placed in the field of a loud speaker, at frequencies fo 
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up to 5000 c.p.s. This does not mean that there was no effect on the 
field, but that the effect under the existing conditions was negligible. 
With this device, consistent measurements were made of the fields 
within two rather small horns. It thus made possible a type of measure- 
ment which otherwise would have been practically impossible and also 
verified the expectations relative to its disturbance of the sound field. 
The difference in the parameters of the condenser and vacuum tube 
input circuit, between this and a condenser transmitter of the usual 
size, is not sufficient to make any appreciable difference in the distor- 
tion produced by the transmitter under normal operating conditions. 
Nevertheless, it is advisable to outline briefly the functioning of a con- 
denser transmitter in order to indicate what are the sources of distor- 
tion. Assuming the charge on the condenser, grid, and connecting lead 
to remain constant, the voltage appearing on the grid will be directly 
proportional to the deflection of the diaphragm of the condenser, which 





R 


V 
it--~ 4h 


Fic. 3. Elementary circuit for condenser transmitter. 


in turn is assumed proportional to the incident sound pressure at any 
one frequency. The effect of the variation in the above charge, resulting 
from its leakage through the resistance which is ordinarily present to 
maintain a stable system, is twofold. First, there results a change in 
phase and amplitude of the fundamental voltage. Second, there results 
a series of higher order or harmonic terms in the output. 

The circuit shown in Fig. 3 is characteristic of the one used with the 
condenser transmitter. 

The equation of this circuit may be written 


RQ + (1/C)Q = V. (1) 


Insofar as the alternating current effects are concerned C may include 
the vacuum tube input capacity and the grid lead capacity. 

We are interested in finding the relation between RQ (the voltage 
across the resistor) and the sound pressure. Assuming the deflection of 
the diaphragm to be proportional to the sound pressure, and assuming 
for illustration, a sinusoidal sound pressure: 
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p = Psin wt (2) 
then 
1/C = Dy — K sin wt (3) 


where D, is proportional to the undisturbed separation between the 
plates of the condenser and K is proportional to the deflection of the 
diaphragm produced by ». The circuit equation thus becomes: 


RO + (Dy — K sin wt)Q = V. (4) 
Assume for a solution: 
0 = Or+ D0,’ sin mat + SQ, cos nat, 5) 
then: 
O= Tilt enn nwt — S00, sin nut. (6) 
1 


By substituting these values in the original equation, and equating the 
coefficient of like terms in (nw#) to zero, the values of Q,, Q’, may be 
determined. If 0,> >>¢Q,, Q’n, then Q, = V/D,. Otherwise the terms in 
(K sin wt) Q, will be found to contribute to this term. 

Proceeding in this manner: 





(KV/ — Do)Rw 
OD + Rit " 
or 
, KV/Do 
RQ, ee RwQi = (8) 


1 + Dy?/R%? 


This is the component of output voltage in phase with the incident 
sound pressure. The other terms are related to it as follows: 


RQ’ —D 

RQv ci iene (9) 
RQ: Rw 

RQ, (Do?/Rw — 2Rw)K aes 
RO, = Dy? + 4 Rw? 

RQ»! — 3D\K 

co (11) 


RO: Do? + 4R%w? 
etc. 
To illustrate by a numerical example, using values corresponding to 
the miniature transmitter: Let 
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R=2 xX 10’ ohms 


C = 100 mmf 
V = 200 volts 
w = 10° 
K/Dy = 2 X 10-4 
then 
Dy = 10'° 
K = 2 X 108 


RQ; = RwQ; = 0.032 


RO,'/RQ: = 0.5 
RQ2/RQ, = — 4.1 X 10-8 
RQ2’/RQ, = — 3.5 X 10-5. 


As can readily be seen from the above, the phase shift of the funda- 
mental frequency output is much more noticeable than the distortion in 
the form of higher harmonics. It is independent of amplitude, so may 
be taken into account in the calibration of the device. 

The preceding discussion may be summed up as follows: 

Although in many cases it is possible to correct measurements to 
allow for the effect of the measuring device on the rest of the system, 
this is practically impossible in ordinary sound-field measurements. It 
is imperative therefore that a measuring device be used which does not 
appreciably disturb the surrounding field. In addition to this quality, 
the device must be such that there is no question as to what it responds, 
that is, whether to pressure or velocity. The condenser transmitter de- 
scribed above satisfies these requirements when used under the condi- 
tions for which it was constructed, and there is no apparent reason for 
not making still smaller condenser transmitters, providing the condi- 
tions warrant it. It is interesting to note that although this transmitter 
embodies but a very slight modification of existing apparatus it has sub- 
stantially opened up the field of acoustical investigation in restricted 
regions, a type of investigation hitherto considered almost impossible. 

The author wishes to express his indebtedness to Professors Fay and 
Bush of the Massachusetts Institute of Technology for their review and 
valuable criticism of the first draft of this paper. 








THE AMERICAN INSTITUTE OF PHYSICS* 


Members of the Acoustical Society will naturally want to know about 
the new service corporation of the above name which the Society, in 
cooperation with several other Societies, has recently founded. The 
background and general aims of the Institute are described briefly in 
this note. 

Thirty-three years ago, a small group of physicists, including A. A. 
Michelson, M. I. Pupin, Elihu Thomson, H. A. Rowland, J. S. Ames, 
and a few others as well known, founded the American Physical So- 
ciety. Flourishing yearly, this organization brought physicists together 
at its meetings, and assembled the results of their researches in the pages 
of its journal, The Physical Review. 

Physics grew rapidly, both as a whole and in its special branches. The 
original society now has 2400 members, men and women interested in 
the fundamentals of physics and their application to industry and to 
the arts. 

The first special branch to develop to the point where its proponents 
felt the need of a society of their own was optics. The Optical Society 
of America was founded in 1916. It has grown to a membership of 700, 
and has attracted to its rolls not only physicists but artists, physiolo- 
gists, printers, and many others professionally interested in light and 
color. 

More recently, in 1929, another group formed the Acoustical Society 
of America. There is no need in this place to describe the rapid growth 
and progress of this Society, nor its broad scope, for these develop- 
ments are, of course, very familiar and gratifying to its members. 

A fourth society, also founded in 1929, is the Society of Rheology. 
Practically every material manufactured—from glass to steel to rubber 
to paint—owes its use in part to its characteristic consistency or plas- 
ticity. An understanding of the properties of flow of plastic materials is 
of the greatest value in controlling the processes of their manufacture. 
The aim of the Society of Rheology is to advance and disseminate the 
knowledge of the physical laws of plastic flow. 

The formation of these several societies has stimulated the develop- 
ment of physics, but physicists have all been quick to realize the dangers 
of dismemberment. To avoid these dangers, as well as to provide for 
efficient and economical cooperation in performing similar functions and 
attaining common objectives, the four societies last year formed the 


* This statement explaining the nature and purpose of the American Institute of Physics 
was prepared by Dr. Henry A. Barton, Director of the Institute, at the request of the Editor. 
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American Institute of Physics. In its new office at 11 East 38th Street, 
New York, the Institute will develop functions already outlined. 

First, it will take over and publish the seven scientific journals of the 
societies—circulation, 7000. This step will introduce all the economies 
and efficiency of centralization of similar tasks. The editing will remain 
in the hands of the societies. 

Second, the Institute will present the united front of physics through 
a conservative use of the opportunities for publicity contained in the 
interesting developments continually coming from physical laboratories. 
In another sense, this will be an authentic public information service. 
The expected result is greater influence for physics in industry, and 
greater resources for the support of physics in university research labo- 
ratories. 

Finally, the Institute will continue to bind together physicists by in- 
viting the association of other national and local groups. This has al- 
ready been done in the cases of the American Association of Physics 
Teachers and the Scientific Apparatus Makers of America. 

On another page of this issue is a statement of the organization of the 
Institute. It will be seen by reference to that statement that the In- 
stitute is governed by a Board composed of three representatives from 
each of five societies. In other words, the Institute belongs to the So- 
cieties and is controlled according to their best interests. The repre- 
sentatives of the Acoustical Society on the 1932 Board are: 


Dr. H. D. Arnold, Bell Telephone Laboratories 
Dr. Harvey Fletcher, Bell Telephone Laboratories 
Professor Dayton C. Miller, Case School of Applied Science 


The principal business at present assigned to the Institute is that of 
journal publication. This does not mean that the editorial control of the 
Journal of the Acoustical Society passes out of the hands of the Society. 
It means merely that the many mechanical and clerical details of 
handling accepted manuscripts, proofs, etc., as well as the business 
affairs of the Journal are to be placed in the hands of a specially trained 
staff in the Institute office. The services of this staff will be shared with 
the journals of the other societies. It is obvious that economy and 
efficiency are increased by centralizing these identical functions. It is 
expected also that this central organization, by reason of the volume of 
printing it will control and the uniformity of style standards it will 
adopt, will be able to operate on more advantageous terms with printers 
than has been the case with this Journal alone. 








NOTICE OF A NEW JOURNAL 


Alta Frequenza, a quarterly periodical published by the ITALIAN ELECTROTECHNICAL 
AssociaTIon. Subscription price 30 lire per annum. 

This new journal deals with facts and notes in the field of radio-communication and con- 
tains reviews of radio technique, telephony and applied acoustics. The first number appeared 
March, 1932. 

It is appropriate that the land of Marconi should publish a journal devoted to studies in 
the high-frequency, alternating-current field. This journal assumes almost an official character 
from the personnel of its Directing Committee, headed by President G. Marconi of the Italian 
National Research Council and composed of President G. Vallauri of the Electrotechnical 
Section of the Council, Vice President G. Pession of the Radiotelegraphic Committee of the 
Council, General President U. Bordoni of the Italian Electrotechnical Association, President 
Q. Majorana of the Italian Society of Physics, and Professors G. di Pirro and G. Vanni. 

Printed entirely in Italian, the journal is nevertheless provided with a table of contents 
with brief abstracts of the main articles in English, French and German. Aside from sections 
devoted to Editorial Comment, Abstracts, Chronicles, Books and Publications, Patents, New 
Apparatus, Information and Necrology, the first issue contains four major articles: N. Carrara, 
The detection of micro-waves; G. Sacerdote, Electrical methods for the measurement of pres- 
sures and displacements, A. Bressi, A study of an amplifier for continuous voltage; and G. 
Todesco, Experimental research on the propagation of an electromagnetic wave in an ionized 
magnetically active medium. 

The journal carries advertising. 
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